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FOREWORD 


Among  the  responsibilities  assigned  to  the  Office  of  Technology  and 
Standards,  National  Communications  System  (NCS),  is  the  management  of  the 
Federal  Telecommunication  Standards  Program,  which  is  an  element  of  the 
overall  GSA  Federal  Standardization  Program.  Under  this  program,  the  NCS, 
with  the  assistance  of  the  Federal  Telecommunication  Standards  Committee, 
identifies,  develops,  and  coordinates  proposed  Federal  Standards  which  either 
contribute  to  the  inteoperability  of  functionally  similar  Federal 
telecommunication  networks  or  to  the  achievement  of  a  compatible  and  efficient 
interface  between  computers  and  telecommunications.  In  developing  and 
coordinating  these  standards,  considerable  effort  is  expended  in  initiating 
and  pursuing  joint  standards  development  efforts  with  appropriate  technical 
committees  of  the  Electronic  Industries  Association,  the  American  National 
Standards  Institute,  the  International  Organization  for  Standardization,  and 
the  International  Telegraph  and  Telephone  Consultative  Committee  (CCITT)  of 
the  International  Telecommunications  Union.  This  Technical  Information 
Bulletin  presents  a  reprint  of  questions  allocated  to  CCITT  Study  Group  XVIII 
for  the  1981-1984  plenary  period  (document  COM  XVIII  -  No.  1-E).  These 
questions,  relating  to  the  Integrated  Services  Digital  Network  (ISDN),  provide 
an  insight  into  the  direction  international  standards  and  networks  are 
heading,  and  how  they  will  look  in  the  future.  Any  comments,  inputs  or 
statements  of  requirements  that  could  assist  in  the  advancement  of  this  work 
are  welcome  and  should  be  addressed  to: 

Office  of  Technology  and  Standards 
National  Communications  System 
Washington,  DC  20305 
Telephone  (202)  692-2124 
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TITLE  QUESTIONS  ALLOCATED  TO  STUDY  GROUP  XVIII  .='OR  THE  PERIOD  lySl-lySU 


1.  This  contribution  gives  the  texts  of  the  Questions  approved  by  the 

Vllth  Plenary  Assenbly  of  the  CCITT  for  study  by  Study  Group  XVIII  in  the  period 
1981-1984 . 

Adsiinistrations ,  recognized  private  operating  agencies,  international 
organizations  and  scientific  or  industrial  organizations  which  i.ntend  to  take  part 
in  the  work  of  Study  Group  XVIII  are  invited  to  prepare  contributions  to  the  study 
of  these  Questions  and  to  send  them  to  the  CCITT  Secretariat  as  soon  as  nossible. 


2.  The  attention  of  participants  in  the  work  of  the  CCITT  is  drawn  to  the 

following  provisions  extracted  from  the  "Additional  rules  of  procedure  of  the  CCITT" 
(as  amended  by  decisions  of  the  Vllth  Plenary  Assembly,  to  appear  in  the  Yellow  Book, 
Volume  I,  P.esolution  No.  1}  ; 


i)  "Contributions  which  are  to  be  distributed  in  the  normal  way  before  the 
meeting  in  the  three  working  languages  of  the  Union  (as  white  documents) 
must  reach  the  CCITT  Secretariat  at  least  three  months  before  the  date 
of  the  meeting  for  which  they  are  intended." 
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the  Questions  should  be  separated  so  ’ 
begins  on  a  fresh  sheet  of  paper  (not 


nat 
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figur, 


es 


A  contribution  should  not  as  a  general  rule  exc€ 

(five  pages),  nor  include  sore  than  three  pages 
pages  in  all).  The  contribution  should  be  accompanied  by  a  s 
should  be  followed  by  conclusions  whenever  possible.  For  draf 
Recommendations  and  for  contributions  submitted  by  Special 
the  above  directives  should  not  apply. 
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UTS  , 


iii)  Documents  of  purely  theoretical  interest  which  are  not  -directly  related 
to  the  Question  under  study  should  not  be  submitted  in  their  entirety. 
Short  abstracts  only  of  such  articles  could  be  sent  to  the  CCIK’  for 
translation  and  publication. 

iv)  Articles  which  have  been  or  will  be  published  in  the  technical  press 
should  not  be  submitted  to  the  CCITT.  Short  abstracts  only  of  such 
articles  could,  however,  be  sent  to  the  CCITT  for  translation  and 
publication. 


v)  Passages  of  an  unduly  commercial  nature  included  in  a  contribution  may  be 
deleted  by  the  Director  of  the  CCITT  in  agreement  with  the  Chairman;  the 
author  of  the  contribution  will  be  advised  of  any  such  deletions." 

2. 3  Distribution  and  format 

i)  "Contributions  should  be  drafted  in  one  (or  more)  of  the  working  languages 
of  the  Union  and  three  copies  sent  to  the  CCITT  Secretariat,  with  further 
copies  to  be  sent  by  contributors  direct  to  the  Chairman  and  Vice-Chairmen 
of  tne  Study  Group  and  tc  the  relevant  Chairmen  of  the  Working  Parties 
and  Special  Rapporteurs. 


It  is  recommended  that  a  translanion  of  contributions  in  another  workin; 
language  be  seat  to  the  CCITT  Secremariat . " 
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Li)  "Contributions  should  be  submitted  an  very  white  papei  *.. 

clear  back  type.  If  the  paper  is  not  of  .A4  format,  the  text  on  each 
page  should  not  exceed  that  format. 


The  top  half  of  the  first  page  shoiu-d  be  left  blank.' 
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QUESTION  1/XVIII  -  General  network  aspects  of  an  Integrated  Services  digital 
Network  (ISDN)  (continuation  of  part  of  Question  1/XVIII, 
studied  in  1977-1980) 

This  Question  is  concerned  with  overall  studies  related  to  the  general 
features  of  future  Integrated  Services  Digital  Networks  capable  of  satisfying  the 
requirements  of  many  different  services.  Study  Group  XVIII  will  define  the  scope  and 
framework  of  em  ISDN  and  identify  the  services  which  may  be  incorporated  in  such 
networks.  It  will  study  the  evolution  of  Integrated  Digital  Networks  (IDNs)  dedicated 
to  specific  services  (e.g.,  telephony,  data)  towards  an  ISDN. 

The  objectives  will  be  to  define  overall  network  and  system  principles  which 
can  form  a  basis  for  study  and  Recommendations  by  appropriate  specialist  CCITT 
Study  Groups.  The  generic  features  appropriate  and  applicable  to  an  ISDN  will  be 
identified  together  with  optional  service  dependent  features  applicable  to  part  of  an 
ISDN. 

The  study  of  the  following  five  related  aspects  will  take  into  account  the 
considerata  arising  from  studies  carried  out  diuring  the  1977-1980  study  period  as 
recorded  in  Annex  A  to  this  Question.  In  addition,  the  multiple  aspects  of  this  work 
require  coordination  between  the  various  Study  Grou-s  Irvolved  (e.g..  Study  Groups  III, 
Vli,  XI,  XV,  XVI,  XVII  and  XV). 

Some  of  these  Questions  have  to  be  studied  initially  by  Study  Group  XVIII , 
with  high  priority,  to  enable  other  Study  Groups  to  initiate  or  continue  their  work 
and  to  draft  Recommendations  within  the  current  CCITT  study  period.  In  other  cases 
Study  Group  XVIII  needs  information  from  other  Study  Groups  in  order  to  make  progress 
in  its  own  network  studies. 

Recommendation  No.  G.705  provides  information  and  f 'ture  developments  of 

the  ISDN. 

Studies  of  ISIS  aspects  were  esrried  out  under  Question  l/XVllI  during  the 
1977-1960  study  period  snd  a  partial  reply  to  that  Question  is  reproducsd  as  Annex  1 
to  this  new  Question.  Annex  2  records  many  points  already  identified  and  of  relevance 
to  the  ongoing  studies.  Annexes  3  and  it  contain  sigiificant  infonsation  which  was 
not  fully  considered  before  the  end  of  the  study  period.  These  Annexes  are  also  of 
relevance  to  other  new  Questions  of  Study  Group  XVIII. 

Note  :  The  Chairoen  and  Vice-Chairmen  of  the  Study  Groups  involved  (Study  Groups  III, 

VII,  XI,  XV,  XVI,  XVII  and  XVIII)  will  jointly  assess  the  progress  made  by  the  various 
Stu^  Croups  and  Initiate  any  steps  necessary  to  expedite  the  work.  This  should  take 
place  at  about  the  middle  of  the  study  period  (e.g.  beginning  of  198s),  with  the 
Chaimsn  of  Study  Group  XVIII  acting  as  convenor  for  this  coordination. 

Considering 

a)  that  the  requirements  of  data  transmission  services  and  several  new  non-voice 

services  are  being  studied  by  CCITT. 

Note  :  In  several  countries  services  dedicated  digital  networks  are  already  in  service 
or  will  be  instalLcd  for  non-voice  services  that  may  use  part  of  the  ISDN  for  access 
to  this  network. 


(22) 
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b)  many  countries  wish  to  adopt  a  comsson  strategy  for  extending  the  use  of 
Integrated  Digital  Networks  (IDN)  beyond  the  telephony  application  to  form  Integrated 
Services  Digital  Networks, 

c)  telephony  service  will  constitute  the  major  portion  of  the  carried  load  on 
digital  networks  characterized  by  time  division  transmission  and  switching  and 
common-channel  signalling, 

d)  efficiency  and  econony  of  methods  of  access  to  the  ISDN  from  customer 
terminals  are  significant  factors  in  planning  the  local  network, 

e)  CCITF  Recommendations  on  digited  switching  and  inter-exchange  signalling, 
which  take  into  account  the  future  evolution  of  the  IDN  for  telephony  towards  the 
ISDN,  are  already  available  in  the  Q  aeries  and  may  form  the  basis  for  further 
Recommendations  on  ISDN. 

Point  A.  Service  aspects 

1.  Which  services  should  be  taken  into  account  in  the  establishment  of 
network  feat\ires  of  the  ISDN  7 

2.  What  are  the  network  feattires  needed  to  siqjport  these  services  7  Which 
network  features  should  be  regarded  as  general  throughout  the  ISDN,  and  which  shoxad 
be  classed  as  service  dependent  for  particular  service  applications  7 

Note  :  Among  other  network  features,  attention  should  be  paid  to  charging  so  that 
adequate  information  could  be  made  available  for  charging  purposes. 

3.  For  which  services,  if  any,  should  a  change  of  service  on  an  established 
connection  be  envisaiged  7  What  are  the  ii!q)lication8  and  requirements  of  such  a 
feature  7 


It.  What  kinda  of  leased  paths  will  be  required  in  the  Ism  when  it  is  in 

widespread  operation  7 

Note  1  :  Services  should  he  identified  which  will  siq)plant  existing  leraed  line 
services. 

Note  2  :  Consideration  should  be  given  to  the  use  of  semi -permanent  connections, 
closed  user  group  and  hot-line  features,  remote  switching  units  etc. 

Point  B.  Network  aspects 

1.  What  are  the  principles  in  tenos  of  network  structure  and  systems 
architecture  which  define  the  ISDN  and  which  form  the  basis  f  '-r  stuify  of  specific 
aspects  7 

2.  Should  layered  protocols  and  functional  layers  be  adopted  for  ISDN  to  form 
the  basis  of  CCI^  Recoimendationa  7  If  so,  what  are  the  characteristics  of  this 
layering,  and  in  ^ich  way  ia  the  cr:'eept  of  functional  layers  used  with  respect  to 
sub-syatems.  such  as,  e.g. ,  tha  signalling  channels  7 

3.  What  are  the  implications  of  ISDN  on  nusibering  plans  and  service  indicators 
for  telephony  and  other  services  7 

What  methods  of  voice  band  encoding  other  than  standard  PCM  (see  also 
Question  7/XVIII)  and  what  forms  of  digital  speech  interpolation  can  be  considered  in 
relation  to  the  evolution  of  the  ISDN  7 
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Point  C.  niiBf-.fimer  *ecei» 


Uh>t  are  the  principles  in  terms  of  network  structure  snd  syateos 
architecture  which  define  custoster  access  to  ISDN  and  which  shouj.d  form  the  basis  of 
studies  of  related  transaiasion,  switching,  signalling  and  interface  aspects  7 


Point  D.  Interworking 


What  are  the  principles  which  should  fora  the  basis  for  detailed  study  of  ;.ne 
interfaces  interconnections  and  interworicing  between  ISIHI  and  senrice  dedicated 
networks  T 

Hie  following  specific  points  should  be  inr  *'*4  in  the  studies  : 

i)  At  what  point  in  the  connection  should  spe-  .  ..  .cessing  for  interworking 
be  aLceoi^lished  (e.g. ,  in  the  originating  o.  •-.enlnatiss  country)  1 

ii)  What  networks  should  be  given  preference  to  coi^ete  connections  in  a  transit 
call  situation  t 

iii)  What  special  problem  arise  from  the  use  of  isn  to  provide  interconnections 
of  particular  services  (e.g..  according  to  X.21,  etc.)  via  different 
networtu.  and  what  restrictions  or  restraints  should  be  placed  on  services 
or  networks  when  interworking  (e.g.,  to  aecoaendate  accounting,  timing  and 
sisialling,  features)  t 

iv)  What  aethods  should  be  recomended  for  acc<.  using  one  network  from  another  7 

v)  Row  should  eonversions  be  aceosQaished  (e.g.  data  to  data,  voice  to  data)  ? 


vi)  What  arrangements  or  proMdures  are  needed  to  accommodate  the  accounting 
function  for  a  connection  involving  mixed  networks  1 

vii)  What  influence  would  different  national  applications  of  service  integration 
have  on  the  international  network  with  regard  to  interworking  7 

viii)  What  special  problems  arise  from  the  use  of  ISPN  to  interconnect  networks 
carrying  services  to  existing  standard  terminal  interfaces  7 

ix)  What  are  the  possibilities  of  application  of  service  bits  allocated  in 

primary  PCM  and  higher  order  digital  systems  in  national  and  international 
digital  networks  7 

Point  E.  Guidelines  to  facilitate  evolution  towards  ISDH 


Which  strategy  should  be  followed  in  order  to  facilitate  and  speed  up  the 
establishment  of  a  worldwide  ISDN  7 

Note  :  It  should  be  taken  into  consideration  that,  in  the  introductory  period,  it  will 
be  necessary  to  establish  an  all-digital  network  mainly  for  the  needs  of  "business 
subscribers"  who  represent  only  a  small  percentage  of  the  overall  number  of  subscribers 
but  who  originate  a  s»d)stantial  portion  of  the  traffic.  It  may  be  useful  to  create  a 
digital  "overlay  network"  in  each  country  and  to  interconnect  these  national  networks 
by  digital  links. 
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Anne-jc.  1 

(to  Question  1/XVIII) 

Partial  reply  to  Question  I/XVIII'.  point  A 
(study  period  1977-1960 i 


1.  Introduction 


During  the  1977-1900  study  period,  members  of  Study  Group  XVIII  have 
reflected  increasing  interest  in  ISDN  as  a  possible  means  of  enhancing 
telecoBffiunication  networks  to  siq)port  an  incree^ing  range  of  services.  An  important 
aspect  of  the  work  has  been  the  extension  of  digital  techniques  to  the  pustomers* 
premises  to  give  digital  access  to  ISDN. 

ISie  relevant  part  of  Question  XVIIl/1  is  reproduced  for  reference 
purposes  :  "On  what  general  philosophy  should  the  design  and  introduction  of  digital 
systesss  be  based  7  For  example,  what  principles  should  be  applied  for  the 
implementation  of  dedicated  integrated  digital  networks  (IDNs)  for  various  services 
and  what  provisions  should  be  made  to  facilitate  the  evolution  towards  the  possible 
future  integrated  services  digital,  network  (ISDN)  7" 

2.  Recommendation  G.705  provides  information  concerning  the  future 
development  and  evolution  of  the  ISDN. 

3.  In  view  of  the  urgent  interest  in  general  ISDN  matters,  and  the  availability 
of  recent  documentation  which  had  not  been  fully  discussed  before  the  final  meeting 
of  Study  Group  XVIII,  it  was  agreed  that  a  means  should  be  found  of  continuing  the 
work  and  preparing  documentation  to  form  an  early  input  to  studies  in  the  next 

study  period.  Although  the  formal  CCITT  organization  does  not  make  specific  provisions 
to  continue  studies  during  the  transition  period  from  one  plenary  period  to  the  next. 
Study  Group  XVIII  invited  the  Rapporteur  for  ISDN  aspects  (Question  1/XVIII,  point  A 
of  the  1977-1980  study  period)  to  continue  work  by  correspondence  with  delegates  of 
other  countries  who  had  already  expressed  a  wish  to  participate  in  this  work.  It  was 
also  foreseen  that  it  might  be  desirable  to  have  a  meeting  of  those  involved  very 
early  in  the  next  study  period.  An  approach  would  be  made  to  the  Chairman  designate 
of  Study  Group  XVIII  to  make  the  arrangements,  should  such  a  meeting  be  necessary. 

k.  In  order  to  give  some  interim  .<uiidance  to  national  studies  of  ISDN  and  related 

development  work.  Study  Group  XVIII  drew  attention  to  the  points  of  view  expressed  in 
the  following  paragraphs.  These  were  si^ported  by  Study  Groig>  XVIII  and  therefore 
reflect  confidence  in  the  approach  indicated.  The  points  are  recorded  under  headings 
which  identify  different  aspects  of  ISON  and  facilitate  separation  of  the  subject 
into  reasonable  study  areas. 

5.  Service  asnects 

Information  exists  on  a  wide  range  of  existing  and  new  voice  and  data 
services,  and  it  is  recognized  that  ISDN  has  generic  features  capable  of  supporting 
many  of  these.  In  addition  there  is  scope  for  adding  service-dependent  features  to 
appropriate  parts  of  the  network  to  satisfy  particular  requirements  or  to  give 
interworking  access  to  service -dedicated  networks.  Thus  the  possible  implications 
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of  all  services  will  need  to  be  considered  in  the  future,  but  it  is  proposed  that 
initial  attention  should  be  concentrated  on  : 

-  Digital  tele^ony  to  ensure  that  adequate  provision  is  made  for  the 
predominant  service. 

-  New  services  for  which  the  capabilities  available  on  ISDN  are  sufficient. 

6.  Network  aspects 

Hie  telephone  network  will  evolve  towards  an  IDN  with  switched  6U  kbit/s 
telephony  channels  and  it  is  expected  that  other  services  would  be  integrated  with 
that  network  during  evolution  towards  an  ISDN. 

Constraints  may  be  placed  on  the  use  of  the  6U  kbit/s  capacity  to  accord 
with  internationally  agreed  standards  for  some  services.  Connections  throu^  ISDN 
could  be  switched  or  semi -permanently  connected  and  "wider-band"  services  may  be 
carried  by  using  multi-slot  connections  at  n  x  61i  kbit/s.  All  ISDN  exchanges  are 
elected  to  have  stored  program  control  and  inter-change  sigsalling  (CCITT  No.  7 
enhanced) I  with  digital  transmission  paths  on  routes  offering  full  ISDN  service 
capabilities.  Provision  must  be  made  for  restricting  service  when  interworking  with 
equipment  or  networks  having  limited  capability  (e.g.  calls  routed  through 
transmultiplexers  or  into  the  analogue  telephony  network ) . 

7.  Local  network  access 


Digital  traaamiS8i<'<n  techniques  in  the  local  network  will  extend  ISDN 
to  customertf  premises  over  a  basic  access  which  may,  for  example ,  be  at  72  or  6o 
kbit/a.  Other  types  of  access  will  be  considered  as  appropriate.  Hie  basic  access 
will  then  provide  a  61*  kbit/s  information  channel  and  a  separate  channel.  The 
6U  kbit/s  channel  may  be  dedicated  to  a  particular  service  or  used  alternatively  for 
voice  or  data*  and  on  an  established  digital  connection  the  path  may  be  sub-divided 
for  several  lower-rate  services.  Capacity  of  the  separate  channel  is  expected  to  be 
8  or  16  kbit/s  and  would  carry  customer/network  signalling  and  possibly  low  speed 
telemetry. 


Two  methods  of  further  exploiting  the  separate  channel  have  been  identified  : 

i)  One  method  foresees  that  the  separate  channel  would  be  dynamically 
allocated  also  to  carry  a  form  of  data-message  service. 

ii)  In  another  method  the  separate  channel  would  be  sub-multiplexed  into  two 

channels  of  di  and  ^2  kbit/s.  One  of  these  channels  would  be  used  for  data 
services  at  vcp  to  dg  kbit/s  in  the  local  network,  with  rate  adaptation  for 
switching  through  ISDN  at  6U  kbit/s.  The  other  at  kbit/s  would  carry 
customer/network  si^alling  for  the  6U  and  03  kbit/s  channels,  and  possibly 
low  speed  telemetry. 

Alignment  information  for  the  basic  access  should  also  be  provided,  e.g. 
exploitation  of  the  line  transmission  system;  allocation  of  capacity  within  the 
72  or  80  kbit/s. 

Where  justified  {e.g.  PABXs)  a  primary  order  digital  path  carrying  a  multiplex 
of  2W  or  30  channels  may  be  extended  to  a  customers’  premises ,  to  provide  several 
6U  kbit/s  channels  (see  also  paragraph  9).  Customer/ network  signalling  may  be 
concentrated  in  one  6U  Kbit/s  channel.  Ihis  structure  could  also  apply  where  a  group 
of  ISDN  customers  are  connected  via  a  multiplexer  in  the  local  network. 
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8.  Customer  interface 

Figiire  1  shows  the  functional  elements  of  customer  access  to  ISDN  and 
interfaces  A  and  B  apply  to  the  customer^  premises.  A  considerable  amount  of  further 
study  is  needed  to  establish  preferred  arrangements  for  connecting  the  wide  range  of 
voice  and  data  terminals,  some  of  which  already  exist  with  defined  interface  standards. 
Possible  ISDN  accesses  at  72  or  80  kbit/s  and  l,5l***  or  2,0U8  kbit/s  would  apply  to 
interface  B  and  little  would  be  needed  in  the  form  of  Network  Termination  for 
terminals  which  conform  to  these  accesses.  Connection  of  other  termineQ-s  at  interface 
A  would  require  appropriate  conversion  functions  in  the  Network  Termination. 

The  layered  model  approach,  devised  for  data  services  (see  Study  Group  VII 
reference)  may  offer  a  convenient  method  of  assisting  the  definition  of  the 
characteristics  of  interfaces  A  and  B,  which  must  be  studied  in  conjunction  with  the 
oustoaer/network  signalling  (paragraph  10). 


A  B  C  C  0 

I  I  I  I  I 


CT  -  Customer  Terminals 
NT  -  Network  Termination 
LT  -  Line  Termination 
ET  -  Exchange  Terminal 

Figure  1  -  Functional  interfaces  for  digital  local  access 

9.  Local  network  tremsmission 

Standards  eu:e  available  for  digital  transmission  between  exchanges  and  these 
could  form  a  basis  for  transmission  in  the  local  network.  Studies  of  ISDN  access  show 
a  need  for  at  least  two  types  of  system  ;  one  operating  at  current  hierarchical  rates 
(e.g.  1,5^^  or  2,0U8  kbit/s)  ai.i  another  to  carry  the  basic  access  proposed  in 
paragraph  7.  Future  studies  may  identify  the  need  for  other  systems,  including  a 
smaller  capacity  multiplex  for  operating  over  existing  local  network  cables. 
Specification  of  interfaces  B  and  D  will  allow  evolution  of  the  transmission  system 
somewhat  independently  of  terminal  and  exchange  equipment,  in  particular  it  is 
expected  that  new  transmission  media  including  optical  fibre,  coaxial  and  radio  systems 
will  be  used  as  appropriate. 

10.  Cxistomer/network  signallinK 

Digital  access  to  ISDN  will  include  a  separate  channel  to  carry  ciistomer/ 
network  signalling  and  possibly  other  information  as  described  in  paragraph  7.  The 
Link  Access  protocols  of  the  signalling  system  carried  in  this  channel  may  be  based 
on  the  exchange  of  frame  formatted  information  using  procedures  similar  to  those 
rscosmsended  in  level  2  of  SS  CCITT  No.  7  and  Recommendation  X.23.  This  approach  should 
give  a  very  flexible,  open-ended  signalling  capability,  compatible  with  the  requirements 
of  new  telecommunications  terminals.  The  use  of  modem  technology  should  ensure  that 
the  relative  complexity  of  this  method  does  not  lead  to  excessive  cost. 
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Uie  Call  Control  aspects  of  the  customer/network  signalling  require  further 
study,  taking  into  account  inforaation  relating  to  existing  telephony  service 
(loop/diaconnect  and  unilti-frequency  push-hutton  systems)  and  circuit  switched  data 
services  (X.21). 

The  customer/network  signalling  should  also  operate  where  a  multiplexer  is 
used  in  the  local  network.  Signalling  messages  could,  for  example,  he  concentrated/ 
distributed  between  several  digital  local  lines  and  a  coeanon  channel  to  the  local 
exchange.  This  application  would  be  very  similar  to  the  digital  PABX  served  by  a 
multiplex  system  and  the  studies  of  customer/network  signalling  should  consider  both 
situations. 

11.  Switching  aspects 

Digital  tnink  and  local  exchanges  are  already  required  to  operate  wit!'  digital 
transmission  systems,  and  primary  and  secondary  order  multiplex  interface  standards 
for  digital  exchanges  are  available  at  l,5l<l*,  2,o!»8  and  8,1»1*8  kbit/s.  To  a  large 
extent  these  standards  could  apply  also  when  multiplex  systems  are  used  on  the 
local  network  side  of  the  exchange. 

A  new  interface  must  be  specified  for  the  basic  access  described  in  paragraph  7, 
i  giving  due  consideration  to  the  means  of  iiiq>lementing  conventional  telephony  functions 

(BOBSCHT)  and  including  any  adaptation  of  other  services  for  switching  at  6U  kbit/s. 

[  This  interface  may  be  similar  to  that  existing  at  the  local  access  to  a  remote 

>  multiplexer  or  concentrator. 

i 

t 

'  12.  Interworking 

'  tftiile  it  has  been  recognized  that  ISDN  nay  be  used  as  a  meang  of  access  to 

I  service-dedicated  networks  the  interworking  arremgements  have  not  yet  been  studied 

•  •  in  detail.  However,  interworking  in  such  cases  is  expected  to  be  at  the  inter-exchange 

leTCl,  possible  via  nomiaated  "gateway"  nodes,  and  the  arrangements  could  be  based  on 
specifications  existing  for  inter-exchange  signalling.  (CCITT  No.  7  as  used  in  the 
telephony  network,  X.75  as  used  in  Packet  Data  Networks  and  X.60  as  used  in  Circuit 
Switched  Data  Networks  1 ) 

13.  Numbering  and  addressing 

Study  Groi^  ZVIII  recognizes  the  importance  of  the  nuinbering  and  addressing 
arrangements  where  different  services  are  carried  on  an  integrated  services  digital 
:  network.  Since  the  telephony  based  on  IDN  is  expected  to  be  an  iiqportant  basis  for 

the  de^lopment  of  the  ISDN,  the  numbering  scheme  could  similarly  grow  from  that 
used  for  the  telephony  service.  Further  study  is  needed  to  establish  a  flexibile 
■  scheme,  with  a  degree  of  independence  between  the  identity  of  a  network  termination 
and  the  services  available  to  a  customer  on  that  termination.  The  Study  Group  VII 
proposals  for  dedicated  data  networks  have  some  relevance. 
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Annex  2 

(to  Question  1/XVlII) 


A  basis  for  study  of  ISDN 


Studies  of  the  arrangements  for  customer  access  to  the  ISDN  through 
Contributions  and  discussions  have  lead  t.o  the  establishment  of  some  study  points 
relating  to  system  structure  and  network  architecture.  These  points  are  generally 
considered  to  be  a  good  basis  for  the  on  going  studies  but  the  increasing  volume  of 
documentation  and  related  discussion  is  making  it  more  difficult  to  locate  the 
information.  This  Annex  contains  a  first  draft  which  may  be  used  as  a  common  basis  for 
fiurther  study  of  the  ISDN  and  customer  access  arrangements. 

For  this  Annex  the  points  have  been  largely  extracted  from  existing 
Study  Group  XVIII  documentation,  modified  by  discussion  where  necessary,  and  reproduced. 
It  is  intended  that  an  edited  and  possibly  extended  version  should  be  made  available 
for  the  April  1980  meeting  of  Study  Group  XVIII,  and  later  annexed  to  the  ISDN 
Questions  for  the  next  study  period. 

The  points  in  this  Annex  are  divided  into  different  aspects  (network, 
signalling,  transmission,  interfaces  and  terminal)  and  are  mainly  related  to  the 
emerging  6U  kbit/s  IDNs. 

The  material  consists  of  various  views  and  ideas  that  have  been  presented 
in  documentation.  They  do  not  constitute  an  agreement  that  this  is  the  way  an  ISDN 
will  develop.  In  fact  several  of  the  points  may  be  inconsistent,  incomplete  or  not 
mutually  exclusive. 

Further  studies  are  required  to  consolidate  these  ideas  and  to  foranilate 
agreed  principles  upon  which  further  work  may  be  based.  It  is  particularly  ia^rtant 
that  interface  and  signalling  concepts  be  agreed  early  so  that  the  detailed 
development  of  appropriate  Reccanmendations  may  be  undertaken. 

Future  studies  are  expected  to  provide  clsurification  and  elaboration  of 
these  points,  leading  towards  the  establishment  of  the  nain  principles  for  ISDN.  It 
is  acknowledged  that  new  techniques  and  technologies  nsy  emerge,  together  with  further 
network  and  service  option,  and  these  will  lead  to  the  establishment  of  additional 
points  as  and  when  the  need  arises. 

HI  The  telephone  network  will  evolve  towards  as  Integrated  Digital  letwork  (iDl) 

with  switched  6U  kbit/s  telephpjor  cbaanels  tad  it  was  expected  that  other  : 

services  would  be  integrated  with  that  networit  during  evoluti(»k  towards 
sa  Integrated  Servi*es  Digital  letwork  (ZSOB). 

The  introduction  of  new  services  most  net  prejndice  telephony  which  ms 
expected  to  predominate  indefinitely. 

Dependent  on  the  need  of  the  individual  subscriber,  flexibility  should  exist  to 
provide  various  access  types  e.g. 

a)  many  subscribers  may  require  only  dedicated  access  to  a  particulw  fundamental 
service  on  the  ISDN  (telephony  or  data); 
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on  a  cail-by-call  basis,  to  two 


b)  scale  custcaners  aay  require  alternative  access, 
OP  TBore  serrices; 


c)  seme  customers  may  require  simultaneous  access  to  two  or  more  services 


d)  supplementary  services  such  as  listed  in  Hecommendation  X.2  Md  in 

r,iT.  telephone  exchanges  should  be  possible  in  a  ha^nized  fora  for  data  and  telephony 
Ce.g.  network  recall,  closed  user  groups,  call  deviation  etc.); 


e)  new  service  forms  such  as 
to  change  froBi  voice  to  non-voice 


with  multi-purpose  terminals  including  the  capability 
or  the  simultaneous  use  of  both  are  to  be  expected. 


p3  Flexibility  is  needed  to  permit  progr'vsive  introduction  of  various  new 

services,  msny  of  which  are  not  yet  w*ll  defined.  Ihe  objective  would 
therefore  .be  to  establish  network  capabilities  for  subsequent  excloitation. 

,  The  ISDN  access  arrangements  should  be  optimized  for  digital  services  although 

due  account  should  of  the  large  and  continuing  population  of  analogue 

telephone  and  lines 

P5  In  studying  features  of  customer  access  attution  should  be  paid  to  the 

usefulness  of  structuring  the  interface  in  functional  levels  in  order 
to  avoid  unnecessary  constraints  on  technological  evolution.  It  is 
important  to  establish  a  level  for  the  cemmon  telephony  interface, 
as  a  basis  for  the  multi-service  ISDN  terminal. 


116  While  it  is  recognized  that  customers  will  have  access  to  a  local 
concentrator  or  exchange,  and  that  the  local  exchange  will  provide  many  of 
the  basic  telephony  and  perhaps  other  services,  some  specialized  services  need 
not  be  provided  by  all  local  exchanges.  The  concept  is  that  local  exchanges  can 
provide  access,  on  a  call-by-vall  basis,  to  other  exchanges  in  the  network  which  can  be 
regarded  as  special  nodes  because  they  provide  additional  service  capabilities.  Access 
t.o  such  nodes  could  for  example  be  on  demand  following  class  of  service  or  selection 
information,  or  on  a  hot-line  basis  for  every  call  from  a  particular  customer.  One 
example  of  such  use  of  the  ISDN  would  be  in  the  provision  of  access  to  a  data  packet 
switching  exchange.  It  is  recognized  that  this  concept  would  significantly  influence 
the  studies  of  customer  access  to  the  ISDN. 

117  During  future  studies,  some  considerations  should  be  given  to  the  possible 
use  of  transmission  rates  lower  than  kbit/s  (e.g.  32  or  I6  kbit/s)  for  telephony 
paths  in  the  network,  and  the  effect  such  paths  might  have  on  other  customer  services 
in  the  ISDN, 

!'0  During  future  studies,  some  consideration  should  be  given  to  the  possible  use 

of  bit  saving  techniques  e.g.  differential  encoding  for  providing  "wideband  speech"  at 
ot  kbit/s. 

f'9  Future  studies  of  ISDN  access  should  take  into  account  the  probability  that 

Integrated  Services  Digitel  Networks  (ISDN)  for  telephony,  data 
end  other  services  will  be  growing  rspidly  in  the  nect  few  years; 

the  cost  of  extending  digital  trsnsaission  to  the  subscribe 's  location 
esn  be  expected  to  become  progressively  lover; 

=  '  .  new  services  and  facilities  can  be  provided  by  taking  advantage  of  the 

inherent  chtracteriatics  of  the  ISCH; 

new  signal  ling  arrangeaents  will  be  needed  botb  flrtni  exchange  to  subscriber 
and  subscribo'  to  exchange; 
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NIO  a)  There  is  a  need  to  develop  within  a  ccesaon  fraaevork  coherent  arrangeaents 
for  custoBer  access  to  different  services  provided  by  the  ISOH; 

such  arrangenents  have  to  allow  various  network  architectures,  taking  into 
account  the  varying  conditions  in  different  countries i 

Nil  In  an  Integrated  Services  Digital  Network  (ISjJC)  a  connection  aay  be 
required  fcr  a  call  »rtilch:- 

i.  is  exclusively  voice  (V)  service,  including  unstructured  inforisation; 

ii.  is  exclusively  Digital  Non-Voice  (DHV)  service; 

iii.  changes  from  voice  Service  to  Digital  Non-Voice  Service  or  vice-versa 
during  the  call  to  provide  alternative  services. 

iv.  voice  and  non-voice  services  on  a  wholly  digital  connection  to  provide 
services  which,  to  the  user,  appear  to  he  simultaneous; 


N12  "Another  aspect  needing  an  early  decision  is  that  o£  continuous  trans- 
aission  of  signals  on  the  subscriber  line,  even  under  idle  conditions 
between  calls.  Soae  signalling  methods  and  supplementary  services 
(e.g.  burglar  alaim  etc.)  may,  only  be  implemented  when  the  subscriber  line 
transmission  system  is. operating  continuously. 


Some  administrations  ars  preparing  plans  for  extensive  introduction 
of  digital  transmission  and  switching  equipment,  and  studying  ways 
of  exploiting  the  emerging  digital  network  by  extension  of  the  ION 
capabilities  down  to  the  premises  of  customer  who  can  utilise  those 
capabilities.  These  networks  will  not  be  extensive  in  the  early  years 
but  suitable  standards  are  needed  to  encourage  steady  evolution. 

The  national  conditions  for  service  integration  may  differ  between 
countries  and  evolution  towards  an  integrated  services  network 
will  vary  accordingly.  In  order  to  provide  a  common  basis  for  inter¬ 
national  standardization  of  digital  networks,  however,  it  is  essential 
to  adopt  a  canmon  strategy  for  developing  an  ISOM  from  the  telephony 
ION. 

These  varying  conditions  give  rise  to  the  following  objectives: 

-  introduction  of  new  services  and  facilities  should  not  give 
significant  cost  penalty  to  the  major  telecommunication  service 
In  the  network 

-  as  introduction  of  new  services  and  facilities  will  be  a  continuous 
process,  the  approach  to  seivice  Integration  should  be  open-ended 


Customer  access  types 

Customer  terminals  a(^  digital  PABX  will  evolva  rapidly  with  techno¬ 
logies  like  microprocessors,  automation  in  the  office  sector  and  the 
definition  of  new  services.  An  appropriate  definition  of  the  custtmer 
access  to  ISON  is  therefore  of  utmost  Importance.  Whilst  aiming  at  a 
flexible  and  openended  approach  to  new  services  and  customer  terminals, 
a  limits  mmiber  of  customer  access  types  should  be  standardized.  In 
a  first  phase  of  CCITTstudies  the  following  access  types  are  proposed; 
see  also  figure  1. 
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H16  Basic  ISDN  access  type 
This  comprises 

m)  a  M  khit/s  digital  path  for  : 

(I)  digital  voiea  at  M  Ult/s  ,  or 

(II)  digital  data  includiag  Becomendatioo  X.l  data  user 
elassas  with  rat#  adaptation  up  to  61*  kbit/s  ,  or 

(lit)  cambinad  digital  voice  and  non*voica  at  M  kbit/s  (a.g. 

56  kbit/s  digital  voice  together  with  8  kbit/s  data) 

While  soma  customars  will  requira  dadicated  access  to  only  one 
of  (base  service  options,  provision  should  be  Made  for  alternative 
operation  on  a  call  by  call  basis,  and  for  changing  during  an 
establish  call.  Limitations  to  this  letter  feature  will  be 
encountered  In  nixed  aaelogue/digitel  networks. 

b)  A  separate  digital  patb  at  a  rate  much  lover  than  61*  kbit/s 
for  : 

(i)  custoDer/setwork  signalling  for  services  in  (a);  bnd 

(ii)  other  services  such  as  telenetry  infoxaiation  (e.g.  customer  alarms);  bnd. 

(iii)  spare  capacity  for  future  requirements. 

An  example  of  the  basic  ISDB  access  type  incorporating  the  features  listed 
above  is  given  in  Figure  2.  It  should  be  noted  that  some  additional  bits 
have  been  provided  for  alignment  purposes  for  use  when  the  transmission 
system  does  not  provide  alignment. 

H17  Access  at  rates  lover  than  61*  kbit/s 


Consideration  should  be  given  to  the  possibility  of  customer  access  at  rates 
lower  than  6U  kbit/s  (e.g.  56,  1*8  and  32  kbit/s). 

ISDM  access  type  with  additional  channel  option 

In  addition  to  the  basic  system  capabilities  indicated  in  Iil6,  some  consideration 
should  be  given  to  the  provision  of  other  services  simultaneously  with  the 
functions  in  a)  and  b)  of  Hl6. 

Additional  digital  paths  could  be  provided  to  give  further  services  as  the 
cus*'»it-  res  thffl.  The  customer  network  signalling  for  these  services 

would  be  carried  within  channel  b)  (of  nl6).  The  access  structure  should  be 
capable  of  providing  a  siKWth  growth  of  customer  services  from  those  indicated 
in  a)  and  b)  (of  10.6)  to  multi  channel  services  such  as  those  required  by, 
for  example,  multi  function  terminals,  multi-slot  terminals  and  PABXs. 

The  additional  digital  paths  may  be  adapted  to  61*  kbit/s  where  necessary 
(e.g.  for  Recommendation  X.l  services)  at  the  exchange  and  switched  through  the 
digital  network. 

An  example  in  which  the  additional  access  provides  a  low-rate  data  service 
is  given  in  Figore  3  (see  also  Kly). 
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Iii9  Txeatcent  of  services  recui 


lan 


Two  approaches  have  bees  identified  : 

(i)  services  requiring  only  a  feu  (e-g.  <  5)  04  kbit/s  digital  paths  cd^it 
utilise  parallel  subscrib-er  access  at  ob  kbit/s.  Further  study  is 
needed  to  detertsine  the  network  control  signalling  arrangesieats  for 
such  applications; 

(ii)  as  an  alternative  to  (i)  a  sgall  transaission  railtiplex  of  n  x  61  kbit/s 
could  be  used; 

(iii)  for  services  requiring  acre  (e.g.  >  5)  61  kbit/s  digital  paths,  a 
multiplex  based  on  the  primary  multiplex  systecs  would  appear  to  be 
more  appropriate; 

N2G  treatment  of  services  req\iiring  multiple  digital  paths  (including  PABXs) 

The  approaches  identified  in  IIlS  also  apply  in  this  case. 

1121  Treatment  of  services  requiring  less  than  61  kbit/s  digital  paths 

For  services  such  as  low-rate  data,  the  bit  stream  could  be  adapted  and  carried 
on  a  standard  61  kbit/s  bearer  to  the  exchange.  Alternatively  a  low-rate  access 
comprising  a  bearer  to  suit  the  service  with  an  out-slot  channel  for  signalling 
etc.  (see  Nl6),  and  viith  adaptation  to  61  kbit/s  at  the  exchange  (rar 
intermediate  muldex)  for  switching  through  the  digital  network  at  61  kbit/s 
could  be  used,  (Question  29/VII  is  relevant.) 


Another  alternative  is  to  interleave  low-rate  data  messages  with  signalling 
messages  on  the  out-slot  channel  of  a  multi-service  access.  (See  S6).  Yet 
another  possibility  is  to  provide  access  to  a  packet  switching  facility  and 
route  the  low-bit  rate  data  across  the  ISDN  by  the  use  of  packets. 

H22  Treatment  of  customers  requiring  unidirectional  transmission 

Some  provision  may  need  to  be  made  for  such  services  hut  further  study  is 
needed  to  establish  relevant  principles.  (See  paragraph  1  of  the  Report.) 


N23  Functional  network  architecture 


In  order  to  dMl  with  ISON  in  an  orderly  Manner  it  sh^'d  be  given  a 
Suitable  funetimial  structure.  A  first  approach  is  to  Jivida  tha 
netMork  into  two  catagorias  of  functions:  ' 

-  a  category  of  basic  functions  relating  to  circuit  switehad  M  kbit/s 
digital  connactions  which  would  ba  provided  by  all  local  axchangas; 
this  category  provides  telephony  and  possibly  circuit  switched  data 
service 

-  a  sacagery  of  additional  functions  ralatitto  tc  services  which  require 
edditiunal  capabilities  %Aich  need  only  be  provided  in  special  aevip- 
Ments  iecatm  in  particular  natworfc  nodes.  Tha  digital  local  network 
would,  a;  part  of  the  basic  functions,  provide  access  to  these  spcciel 
equipMents. 
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N2l*  ISDH  netvork  aspects 

It  is  expected  that  the  ISDH  vill  use  kbit/s  bearer  digital  paths.  The  bit 
integrity  of  custmer  generated  inforEsation  should  be  preserved  betueeu  custoaer 
terssisals.  Voice  fre^eaey  signals  should  be  encoded  according  to 
Becomtnendat ion  G.T11> 

H25  Hetwork  control  signallisg  between  the  custsaer  terainal  and  his  local  exchange 
feet  setting  up  6b  kbit/s  connections  should  be  carried  outside  the  6ft  kbit/s 
channel.  Note  that  this  does  not  preclude  the  use  of  the  6b  kbit/s  for  sexse 
custtaer/network  and  castoaer/custoner  signalling  after  the  initial  out-channel 
signalling  procedtire.  (See  Nib) 

N26  Dicing  the  evolutionary  stages  where  extensive  interworking  occurs  between 

the  new  digital  equiisaent  and  existing  switching  equiiaaent  for  telephony  type 
traffic;  the  new  network  equipment  should  ensure  that  ISDN  calls  are  routed 
appropriately.  Where  routing  over  digital  facilities  only  is  required,  adequate 
identification  and  signalling  capabilities  should  be  provided  in  order  to  remove 
ai^'  service  restriction  on  a  particular  connection.  Note  that  this  requirement 
should  include  the  identification  of  apparently  digital  circuits  routed  via 
transmultiplexers  or  tise  assignment  or  other  digital  processing  equipment 
which  restrict  the  bit  sequence  integrity  of  the  transmission  path. 

N27  The  ISSN  should  include  adequate  provision  for  services  ^diich  noimaliy  operate 
at  rates  other  than  6b  kbit/s.  These  include  : 

-  Low  rate  data; 

-  Low  rate  non-standard  encoded  voice; 

-  Higher  rate  services  which  may  be  routed  through  the  network  on  n  x  6b  kbit/s 
connections; 


-  Widaband  Mrvicas  re^iriaq  cranneission  paths  auch  in  ascass 
of  Vt  kbit/s  (a.g.  2  Nbit/s  or  aora)  «*hicb,  if  cooMctad  ovar 
a  natMOrk  saparate  froa  tha  ISM,  aay  usa  tha  ISM  for  associated 
saEcing*up  and  cosaiutiication  purposas. 

~  Vary  low  rato  talsaatry  evar  tha  custoaors  local  lino  as  a  means 
of  convoying  alarm  and  survaitlanca  eoaaunication  -to  a  central 
location  Such  as  tha  local  eichanga  site. 

N28  In  wdar  to  antura  ada^iato  parfomianca  «id  flaaibllity  tha  ISOb 

shall  ba  coaprisad  of  SPC  digital  local  and  higher  order  exchanges, 
InttrcwtnKted  by  digital  transaisslon  and  aaploying  fast  Inter 
processor  co^on  channel  signalling  betwoan  miehaogas,  CCITT 
bo.?.  Thara  will,  howavar,  ba  freadoa  to  aova  Unctions  batwaan 
n^as  in  the  ISM  hiararchias.  and  it  is  aapact^  that  soaa  nodes 
■'ll^bo  aquippod  with  extra  e^iabilitias  to  satisfy  tha  special 
ra^irements  of  calls  routed  to  such  nodes.  Quality  of  service 
stw^rds  for  ISM  traffic  MSt  ba  spacifiad  in  taras  of  error 
rasponso  times,  grades  of  sarvica  ate,  Ktd  tha  need  for 
prafarencial  or  priority  traatmoot  of  ooo  sarvica  with  relation 
to  ai»chor  on  a  call  by  call  basis  should  be  ebnsidorod. 


desigsed  for  telspncny  seeds  asd  a  separate  in-siot  protocol  is  used 
can  set-ap.  is  implies  that  a  hot-line  type  of  ccssection  is  used  f« 
calls  to  establish  an  access  path  betveen  the  data  terminal  ana  the  i 
functions  controlling  data  call  set-up  consistent  with  Hecesendatio: 
A. 25  and  the  new  FDIE  interface  (also  referred  to  as  the  sailtiparpos! 
for  non-voice  services). 


Adoption  of  this  approach  would  innsly  that  a  deeper  integration  of  access 
protocols,  and  thus  call  set-up  csmtroi  in  the  network,  can  later  only  he 
achieved  eifter  introduction  of  new  or  ssdified  access  nrotocols. 


Mediuc 


sgration  . 


In  this  ease  an  out-slot  signallins  protocol  (C?)  is  used  for  controlling 
setting  up  of  digital  circuit  switched  fit  kbit/s  cesaections  for  both  tdejtj^ 
and  data.  This  isplies  that  an  cut-slot  signalling  technique  that  is  suitable 
both  for  telephony  and  data  is  chosen.  The  CTE*)  should  then  rnrovide 
insertion  of  the  data  signalling  protocol  generated  by  the  I/TE  ^  into  the 
out-slot  sigaaliing  link  of  the  subscriber  line.  (*)  See  Figure  1.) 


The  out-slot  sigaaliing  link  would  carry  infoxsaticn  blocks  which  include 
Service  indications  to  allow  separately  defined  teleph<nsy  and  data  versi«is. 
These  versions  shcniid  naturally  be  defined  with  rjixinus  ccsssjaality. 

A  c<ST»rison  say  be  nade  between  such  versions  and  the  Telephony  and  ^ta 
User  Parts  in  CCITT  Signallins  Syste;  Ho.  7- 


On  the  sssvcurticn  that  ccsnsonality  is  achieved  : 
the  cut-slot  signalling  funeticns,  this  degree  i 
a  good  basis  for  coving  to  a  deeper  degree  of  i 
The  restrictions  for  deeper  iategratiOT  in  the  : 
ianmsed  by  the  access  protocols  but  the  fact 


;-€twees  telephony  and  data  fra- 
>f  integration  would  pwide 
itegration  at  a  lats-  stage. 
SDH  would  in  this  case  iwt  be 

yafli  ^  cdi^rsX 
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are  only  applicable  .for  either  o*.  telephony  and  data.  The  differences  in  the 
actual  OP  ea^iloyed  and  the  call  handling  in  the  network,  would,  however,  in 
principle  not  be  differences  between  telephony  and  data  but  differences  between 
calls  involving  different  sets  of  supplementary  service/user  facilities.  That 
is,  the  nature  of  differences  between  telephony  and  data  would  be  no  different 
from  the  nature  of  the  differences  between  calls  within  each  service. 

N30  It  is  recognized  that  the  definition  of  a  multi-purpose  interface  for 

non-voice  services  has  a  bearing  on  the  system  concept  for  the  general  digital 
subscriber  line  signalling  interface.  Such  an  interface  should,  when  medium  or 

integration  is  applied,  be  specified  for  both  telephony  and  data  applications. 

In  order  to  avoid  proliferation  of  new  customer  interfaces,  it  is  necessary  to 
harmonize  the  studies  on  a  multi-purpose  interface  for  non-voice  services  with  those  on 
local  IDNs.  On  the  other  hand  it  is  outlined  that  data  requirements  should  be  defined 
as  early  as  possible  in  order  to  be  properly  taken  into  account  when  developing  the 
general  digital  subscriber  line  signalling  interface. 


N31  The  definition  of  standards  for  customer  access  to  different  services 

provided  by  ISDNs  should  be  made  in  such  a  way  as  to  allow  various  network  architectures, 
taking  into  account  the  varying  conditions  in  different  countries,  for  example  the 
provision  of  some  services  throngh  ISDNs  by  means  of  interworking  with  specialized 
networks.  Such  dedicated  networks  may  co-exist  with  the  developing  ISDN  at  least 
during  a  transition  period. 


(22) 


COM  XVIII-Ko.  1-E 


ASPECTS  OF  INTERFACES  BETwESI;  THE  DIGITAL  LOCAL  EXCHAIiGE  AIID  THE  LOCAL 
LINE  OR  REMOTE  UNITS  (P.  E.  F.  G  AUD  H  IN  FIGURE  l) 

1  Study  Group  XI  is  specifying  the  parameters  and  characteristics  of  6U  kbit/s 
digital  switches  for  telephony  both  at  transit  and  local  levels.  In  the  first 
place  CCITT  Recommendations  for  digital  local  exchanges  should  cover  the 
connection  of  analogue  subscriber  lines  and  accept  already  established 
national  standards  for  analogue  subscriber  lines.  Interfaces  with  digital 
(telephone)  PABX  accepting  national  PABX  signalling  systems  snail  also  be 
covered. 

2  New  Recommendations  are  required  for  the  interfaces  concerning  digital 
subscriber  lines  to  include  data,  telephony,  telemetry,  etc.,  signal ling  and 
alignment  f\inctions. 

3  Moreover  it  shall  be  studied  what  additions  to  the  parameters  and 
characteristics  for  digital  6L  kbit/s  switches  specified  for  telephony,  if  any, 
are  required  for  the  use  of  these  for  data  switching. 

1*  New  Recommendations  are  also  required  for  exchange  interfaces  with  digital 

PABX,  remote  digital  PABX,  remote  MULDEX  and  other  multi-slot  services.  Note 
that  the  subscriber  line  and  mtilti-slot  transmission  systems  may  terminate  on 
a  MULDEX  or  a  concentrator  remote  from  the  serving  centre,  and  common 
interface  standards  should  apply  as  far  as  possible. 

5  At  the  present  time  remote  subscriber  connecting  units  are  considered  to  be 
functionally  part  of  the  local  exchange.  The  type  and  information  content  of 
the  signalling  and/or  control  channel  between  the  remote  subscriber  connections 
unit  and  the  exchange  terminal  is  at  present  considered  not  to  be  a  matter  for 
international  recommendation.  The  reasons  for  this  are  the  complexity  of  such 
a  recommendation  with  the  variety  of  realizations  presently  under  study. 

Most  of  the  implementations  considered  at  present  are  system-dependent,  but  a 
desire  has  been  expressed  (in  Study  Group  XI)  by  some  delegates  to  define  a 
system-independent  remotely  located  switching  unit  in  the  future.  In  this  case, 
CCITT  Signalling  System  Nr.  7  should  form  the  basis  for  the  signalling  and  control 
channels.  The  study  of  the  system-independent  remotely  located  switching  unit 
was  considered  to  be  additional  to  the  study  at  present  undertaken  in 
Study  Group  XI. 

6  The  digital  subscriber  line  interface  should  be  considered  from  the  functional 
point  of  view.  The  functional  description  can  apply  with  any  technical  solution 
for  the  transmission  format  or  structure  on  the  line. 

7  The  digital  subscriber  line  interface  might  provide  a  common  6U  kbit/s  interface 
for  the  users  information  path  for  all  services.  It  may,  however,  be  more 
economical  to  provide  separate  interfaces  for  some  services.  For  n  x  6U  kbit/s 
services,  n  x  61*  kbit/s  user  parts  might  be  applied. 


A  functional  interface  for  signalling,  control  and  alignment  purposes  sho\ild  be 
defined. 
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E9  The  interfaces  for  digital  PABXs  are  of  great  importance.  It  was  considered 
likely  that  two  different  interfaces  could  be  provided,  one  identical  or 
similar  to  the  digital  subscriber  line  interface  for  smaller  PABXs  and  another 
more  complex  one  for  the  larger  PABXs.  The  signalling  systems  used  in  the  two 
cases  may  differ. 

HO  Problems  arising  from  the  BQRSHT 

Functions  (B  =  battery;  0  =  over-voltage  protection;  R  =  ringing; 

S  a  supervisory;  H  *  hybrid;  T  =  test  function)  are  to  be  studied. 


SIGNALLIMG  ASPECTS 


Note  :  Where  possible  these  points  have  been  extracted  from  available  text,  with 
modifications  to  take  account  of  subsequent  discussions.  Some  new  text  has  been 
derived  from  the  Questionnaire  associated  with  COM  XVIII-No.  131  and  from  subsequent 
replies  with  the  issue  of  this  Annex.  The  Questionnaire  is  considered  to  be  out  of 
date  and  will  not  be  studied  further  in  its  present  form.  Some  of  the  points  below 
may  be  more  appropriate  under  the  heading  of  Network  Aspects  in  later  issues. 

Customer/ network  s i analling 

51  Classification  of  access  protocols 

Access  protocols  are  proposed  to  be  classified  in  two  types,  namely  : 

~  an  Out-slot  Protocol  (OP)  for  out-slot  signalling,  and 
-  In-slot  Protocols  (IP)  for  in-slot  signalling 

In  addition  to  these  access  protocols,  user-to-user  protocols  and  user-to-network 
resources  protocols  need  to  be  considered.  Some  of  the  user-user  protocols  may 
standardized  consistent  with  other  access  protocols. 

52  Out-slot  Protocol  (OP) 

An  out-slot  signalling  protocol  for  access  to  network  elements  controlling 
set-up  and  release  of  all  digital  64  kbit/s  circuit  switched  connections. 

OP  would  cover  signalling  for  simple  calls  and  further  signrlling  necessary 
for  control  of  such  supplementary  services/user  facilities,  depending  upon 
the  degree  of  integration.  See  N20.  The  OP  access  link  (i.e.  the  out-slot 
channel  with  its  level  2  technique)  would  typically  terminate  at  the  first 
subscriber  line  concentration  stage  and  the  OP  signalling  would,  as  applicable, 
be  further  conveyed  in  the  network  over,  for  example,  common  channel  signalling 
links. 

53  In-slot  Protocols  (IP) 

A  number  of  service  dependent  in-slot  signalling  protocols  for  access  to  ' 
additional  network  functions.  In  some  cases  IP  would  correspcna  to  a  second 
call  set-up  phase  (e.g.  in  some  interworking  situations). 
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IP  would  aldo  cover  oases  of  connunication  between  the  user  and  a  central 
network  funooicn,  e.g.  for  facility  registration  and  cancellation  at  a 
special  ser'/ice  centre.  A  simple  case  of  an  I?  would  be  transmission  of  digital 
tones  over  the  kbit/s  channel  to  a  calling  telephone  subscriber.  Another 
case  of  an  IP  would  be  the  application  of  levels  2  and  3  of  Recommendation  X.25 
to  access  packet-switching  facilities. 


SU  Where  digital  and  possibly  service-integrated  PABX  are  connected  to  an 

integrated  services  digital  network  the  signal ling  for  individual  customers 
access  could  oe  used  for  smaller  PABX  whilst  common  channel  signalling  seems 
appropriate  for  larger  PABXs.  This  means  that  any  study  of  new  signalling 
arrangements  for  digital  PABX  snould  be  performed  in  conjunction  with  the  studies 
of  signalling  on  digital  subscriber  lines  and  the  further  studies  of  common 
channel  signalling. 

35  Studies  of  a  signalling  system  for  customer  access  to  the  ISDN  should  be  based 
on  the  assumption  that  digital  transmission  techniques  will  be  extended  into  the 
local  network  down  to  the  customers  terminal,  and,  where  appropriate,  the 
characteristics  of  the  access  will  be  the  subject  of  CCITT  recommendations. 

56  Studies  of  the  customer/network  signalling  system  protocols  should  anticipate 
the  requirements  of  all  services  likely  to  be  carried  by  the  ISDN.  Due 
attention  should  be  paid  to  signalling  Jfor  a  basic  digital  telephone  service 
idiile  preserving  maximum  potential  for  more  complex  signalling  for  multi-service 
and  multi-chaunel  terminals.  If  and  where  appropriate  some  allowance  should  be 
made  for  the  possibility  that  the  new  digital-access  signalling  system  might  be 
adapted  to  be  used  also  to  enhance  the  services  provided  by  conventional  analogue 
access . 

57  The  new  customer/network  signalling  system  should  include  the  capability  of 
carrying  signals,  in  either  direction,  between  the  customer  and  the  local 
exchange  without  interruption  of  the  channel  to  which  the  signals  refer.  This 
capability  will  permit  'silent'  signalling  for  telephony  customers  (e.g.  private 
meters ) . 

58  When  considering  customers  connected  to  the  ISDN  it  must  be  recognized  that 
some  will  require  only  dedicated  access  to  a  particular  service,  some  will 
require  alternative  access  -  possibly  on  a  call  by  call  basis  -  to  two  or  more 
services,  while  others  may  require  access  to  several  independent  services  at 
the  same  time.  These  options  should  be  taken  into  account  when  defining  the 
new  customer/network  signalling  system  and  it  has  been  suggested  that  an 
out-slot  signalling  link  should  be  provided  for  each  of  the  channels  used  for 
services.  However  it  is  accepted  that  such  signalling  links  may  not  exist 

in  'real'  channel  terms  because  they  are  provided  as  'virtual'  channels  using 
interleaved  messages  on  a  common  out-slot  transmission  channel  between  the 
customer  and  the  local  exchange.  Where  the  'virtual'  channel  method  is  used, 
the  signalling  system  must  contrain  suffient  addressing  etc.  to  identify  the 
different  channels  used  for  services.  In  addition,  where  channels  are  used 
alternatively  for  different  services,  the  signalling  system  must  incorporate 
a  means  of  identifying  the  service  required. 
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S9  The  digital  access  to  ISDN  is  e3q>ected  to  include  provision  for  very  low-rate 
data  and  telemetry  services,  some  of  which  may  be  switched  through  the  network. 
The  customer/network  signalling  system  could  permit  such  services  to  be  carried 
over  the  out-slot  transmission  path  using  either  a  cyclic  multiplex  or 
interleaved  messages. 

SIO  The  signalling  system  should  be  suitable  for  use  in  local  networks  in  which 
customer  accesses  are  connected  to  an  interme'iiate  digital  multiplex  to 
provide  transmission  to  the  exchange  over  standard  primary  local  digital  line 
systems.  In  these  circumstances  it  has  been  suggested  that  she  customer/network 
signalling  links,  in  'real'  or  'virtual'  channels  will  be  interleaved  onto  a 
conmon  bearer  such  as  T/Sl£  of  the  20k6  kbit/s  line  systems. 


SU  The  signalling  system  should  be  suitable  for  use  with  simple  terminals  involving 
human  operators  such  as  for  the  telephone  service,  as  well  as  coisplex  terminals 
having  machine  generation  and  detection  of  in-slot  and  out-slot  signals. 

S12  Consideration  should  be  given  to  the  possibility  that  the  ISDN  may  be  used  for 
services  irtiich  reqiiire  tmidireetional  transmission,  such  as  broadcast,  and  the 
effect  such  services  might  have  on  the  signalling  system  and  protocols 
operational  checks. 

S13-  Since  it  is  envisaged  that  ISDN  ai^it  carry  wider-band  services  using  the 
multi-slot  connection  techniques,  consideration  should  be  given  to  the 
signalling  protocols  appropriate  to  such  connections. 

Slh  During  the  definition  of  a  signalling  system  to  satisfy  the  requirements  for 
ISDN  access,  scmte  consideration  should  be  given  to  the  line-feed  and  other 
BOBSBT  functions  to  establish  the  extent  to  which  the  signalling  system  may  be 
affected  by  different  implaientations  of  these  functions. 


idelines  on  transnission  reauireaents  for  cusroaer  access 
a  ranze  of  custoaer  access  trees 


Three  different  possibilities  could  be  identified  : 

a.  A  "single  subscriber,  single  timeslot"  requirement  of  {61{  +  A)  kbit/s 

in  each  transmission  direction.  (Examples  can  be  found  in  Documents  Nos. 
COM  XVIII-No.  310,  Section  1.3.1;  COM  XVIII-Iio.  265); 

b.  A  "single  subscriber,  multi-timeslot"  requireaent  of  n  x  61*  kbit/s  +  A“ 
kbit/s  in  each  transmission  direction.  (An  example  can  be  found  in 
Dociment  No.  COM  XVIII-No.  266.) 

c.  A  PABX  connection,  requiring  m  x  6k  kbit/s  +  A"  kbit/s  in  each  transmission 
direction  (COM  XVIII-Ho.  2l»3). 

Study  of  bit  stream  structures  to  allocate  trariswi asion  capacity  and 


-  Different  structures  will  be  required  for  the  classes  under  Sections  3. a  and 
3.C,  while  the  class  mentioned  under  Section  3.b  can  use  either  a  parallel 
combination  of  "S.a-systeos"  or  a  "3.c-system". 

-  Delayed  Contribution  BT  indicates  some  general  outlines  for  possible  structures 
for  class  3. a. 

-  The  subscribers  loop  transmission  system  has  to  provide  for  the  transmission 
of  sxifficient  information  between  the  exchange  and  the  subscribers  terminal 

in  order  to  make  demultiplexing  of  the  various  channels  possible.  (An  example 
has  been  indicated  in  Section  13  of  COM  XVIII-No.  310. ) 

Transmission  systems  for  access  types  identified  for  initial  study 

-  Delayed  Contribution  BT  (Section  2)  indicates  that  the  required  functions 
can  be  provided  with  either  2-wire  or  k-wire  transmission  systems. 

-  The  Report  of  Working  Party  XVIII/k  (Contribution  COM  XVIII-No.  312)  indicates 
the  power  feeding  of  the  subscribers  terminal  as  an  important  stus^'  point. 

Transmission  system  for  connecting  PABXs 


-  The  required  transmission  systems  probably  are  almost  identical  to  the 

already  specified  15kk  kbit/s  /20k8  Kbit/s  systess  or  small  capacity  digital 
transmission  systems,  e.g.  11  x  6k  kbit/s  (7Ck  kbit/s). 

Ho  information,  however,  on  this  subject  cotU.d  be  identified  in  the  available 
documents.  The  need  for  further  study  has  been  indicated  in  the  report  of 
Working  Party  XVIII/k  (Contribution  COM  XVIII-No.  312). 

Transmission  standards  applicable  to  remote  access  to  the  IS 


-  Ho  relevant  information  could  be  found  in  the  available  documen 


-  26  - 
COM  XVIII-No 


T6  During  discussions  in  Working  Party  XVIII/1  it  becaae  clear  that  no 

Administration  yet  wished  to  specify  the  subscriber  line  transmission 
system  itself. 


CUSTOMER  UnSRFACS  ASPECTS 


Cl  Working  Party  XVIII/1  has  so  far  identified  interface  types  as  showT;  in 

Figure  1.  Not  all  of  these  interfaces  will  necessarily  be  the  subject  of 
CCITT  Recommendations.  Some  are  already  specified  in  CCHT  Recommendations 
and  these  should  be  taken  into  account.  The  aim  should  be  to  define  a  very 
number  of  these  interface  types,  which  may  not  necessarily  appear  as 
physical  interfaces. 

C2  It  is  desirable  to  define  as  small  a  number  of  interfaces  of  types  A,  E  and 
C  as  possible,  while  allowing  for  all  types  of  STE  provided  to  meet  customer 
requilrements. 

C3  The  digital  local  network  nay,  seen  from  the  customer  as  part  of  his  information 
system,  carry  the  following  information  transactions  and  provide  the  following 
services  ; 

-  tpMch  coniMCt  iofit 

•  tupplMantanr  telepnotw  services 

•  4eu  MMiecctofis  to  subseribors  in  separate  data  netMorks  or  data 
equipMitt  in  tfw  digital  natMrk;  for  connections  to  separate  data 
dotswrka  the  connact Ion  ^isc  be  coopetible  Mich  existing  standards 
for  elreoli  -  or  pockad-SMi tehed  services  and  existing  user  classes 

•  a  text  end  control  connection  to  local  or  raw>te  inforaation  data* 
basoB.  tslacax,  vidaotaxt  systaa  ate  (possibly  in  parallel  to  the 
speech  connection) 


-  end-to-end  signalling  eind  control  connection  with  the  remote  subscriber  for 
sess'-'n  control  (terminal  configuration  control,  protocol  selection, 
input/out  selection) 

-  receiving/sending  of  text  and  other  non-'/oics  messages  to  subscriber  terminals 
including  the  case  of  calls  arriving  at  a  terminal  which  is  unattended  cr 
engaged  on  another  call 

-  alarm  service  capable  of  carrying  alarms  from  sensors  etc.  independent  of 
communication  on  the  subscriber  line 


-  advanced  charging  information  capability. during  call. 


Ch 


It  is  expected  that  the  data  requirements  will  greatly  influence  the 
interface  and  work  on  the  standards  should  take  account  of  those  aep; 
for  circiiit  and  packet  switched  data  transmission  (Becesmendations  X 
The  interface  specification  should  be  structured,  and  based  upon  the 
identified  for  data.  For  example,  the  interfaces  of  the  digital  sub; 
could  be  organised  with  the  following  functional  levels  : 


istomer 


Level  I  -  Physical  link  provision  defining  the  functions  relating  to 
the  physical,  electrical,  logical  and  line  transmission 
technique  related  parameters  of  the  interface  (as  applicable). 


. . I . I . . . . 


Level  2  •  Link  access  protocols  defining  the  functions  relating  to, 

‘for  each  sotsnunication  channel  provided  by  level  I,  the 
technique  by  which  higher  level  information  is  transferred 
over  the  channel . 

Level  3  '  Call  control  procedure  defining  the  functions  relating 
to  control  of  call  set-up  and  release  for  switched 
services. 

Level  k  >  End-to-end  protocol  defining  the  functions  relating  to 
end-to-end  eewunication  between  subscriber  terminals 
er  betwewi  subscriber  terminals  and  network  resources. 

Depending  on  the  type  of  service  and  how  It  Is  accessed  the  level 
2,  3  and  4  elmeents  smy  have  to  be  defined  s^iarately  for  different 
phases  of  a  call. 

SERVICE  ASPECTS 

HI  In  considering  interface  A  at  the  subscribers  preicises  to  be  the  user's  access 
point  to  the  ISDH,  it  is  recognized  that  the  link  to  the  exchange  lasy  be  shared 
for  several  services.  There  are  many  network  structures  possible  to  provide 
BMltiservice  compatability.  Figures  u  and  >  show  various  exac^les. 

a)  The  telephone  network  and  the  dedicated  networks  are  separated  at  the 
distributing  frame. 

Each  service  having  its  own  signalling  system. 

b)  The  telephony  network  and  the  dedicated  networks  are  separated  at  the  local 
switching  exchange.  The  aultiservice  signalling  system  is  used. 

-  For  the  teleidione  signals 

-  For  the  seizing  signal,  the  clearing  sipial  and  saae  test  signals  for 
the  other  services. 

c)  The  multiservice  Network  is  completely  integrated  but  this  does  not  exclx^e 
sane  dedicated  service  Nodes  (processing  of  Data  Transsissicn).  A  single 
multiservice  signalling  system  is  used  for  wn  services. 

The  cosfig\aration  described  above  may  follow  each  other  in  a  transition 

p^iod. 

IS  While  the  interworking  of  the  ISDN  evolving  fr^  the  telephone  network  with 
co-existing  dedicated  networks  will  lead  to  the  offering  of  the  wide  range  of 
existing  services  (s.g.  telephony,  X.l  and  X.2  data  services,  p^ket  switching) 
on  the  new  link  frss  the  subscriber  to  the  exchange,  also  new  services 
eaerge  as  new  features  of  the  homogenous  digital  network. 


Higher  rate  capability  may  be  mai 
throu^  the  network.  Conference 
required. 


made  available  by  using  o  x  faU  kbit/s  connections 
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Figure  2  -  ExMiple  of  a  baeie  ISDN  access  type 


CUSTOHEN  ACCESS  FUNCTIONS 


Figure  3  -  An  example  of  ISON  acceeo  with  an  additional  data  service  channel 
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Annex  3 

{to  Question  I/XVIII) 


Digital  subscriber  line  sianaUing 
(Cratribution  tiros  Aaerican  Telejdionc  and  Telegra|ib 


1.  Scope  of  the  Contribution 

An  ovarviaw  of  possible  inforaation  and  signalling  structures  Cor  a  Digital 
Sidaaeriber  Line  is  presented  leading  to  a  channal-level  charaetorlxatlcn  of 
a  generalized  Digital  Subscriber  Line.  This  specific  Digits  Subscriber 
Line  structure  is  not  proposed  <  but  should  be  an  elesent  o.f  the  set 
described  by  the  characterization.  The  raqulrMents  upon  a  signalling  eeans 
to  support  the  generalized  Digital  Subscriber  Line  are  sueMrized  and 
several  specific  proposals  for  Digital  Subscriber  Line  signal? ing  are 
presented.  These  incline  tha  signalling  channel  bit  rats«  the  use  of  a  bit 
oriented  protocol  at  the  link  level,  and  the  use  of  0000090  oriented 
signalling.  A  CrMceork  for  a  layered  protocol  Cor  Digital  Subscriber  Line 
signalling  is  proposed,  with  racoeeendations  for  further  study  and 
contribution. 


2.  Introduction 

An  evolutionary  process  is  underway  toward  an  all-digital  telephone  network, 
including  digital  connectivity  into  the  subscriber's  praalses.  This  process 
began  with  the  introduction  of  digital  inter-exchange  transhission  and  is 
now  being  extended  Into  both  the  transit  and  local  exchanges.  Mith  the 
addition  of  digital  subscriber  lines  this  all  digital  network  can  bccoaic  the 
vehicle  for  eany  new  eustoeer  services  based  upon  a  direct  digital  access 
capability.  This  ultleate  all  digital  environeent  will  becoaie  the 
Integrated  Services  Digital  network  (ISDN}. 


The  general  attributes  of  the  network  will  be 

1.  A  functional  charwtel  structure  whereby  identifiable  channels  can  be 
realized  within  a  iwiiforsi  digital  forest. 

2.  The  swaJlabillty  of  S4  kbit/s  channels  between  the  subscriber  and  the 
network  which  eay  carry  both  digitized  voice  and  nonvoicc 
coMi  unicat ion. 

3.  Cowaon  channel  signalling  to  iepleeent  all  inter-exchange  signalling, 
separate  froa  the  channels  Mailable  for  tntersubsertber 
cows igi  i  cat  ion  . 

4.  The  Integration  of  non-voice  transaisslen  capabilities  and  services 
derived  therein  with  facilities  used  for  voice  coaaun teat Ion. 

A  Digital  Subscriber  Line  connecting  the  sid>scribcr  digital  station 
c^ipaent  with  the  network  aust  provide  a  flexible  and  robust  access  to  the 
network.  This  will  be  raaklzcd  through  the  estenslon  of  the  C4  kblt/s 
channel  connectivity  to  the  subscriber,  as  well  as  the  definition  of  a  new 
signalling  interface.  This  contribution  will  describe  In  general  teres  a 
Digital  Subscriber  Mm  Mdar  study  by  ATST  and  will  focus  speeifteslly  on 
the  signalling  portion  of  ths  Digital  SMscrlber  LIm. 


■seanse  the  opportunities  afforded  by.  the  dlgltel  connectivity  Include  aeny 
festeres  that  arc  new  to  telephony  It  Is  best  to  state  the  overall 
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functional  needs  to  be  met  by  the  Digital  Subscriber  Line  before  proceeding 
to  details  of  an  implementation.  Therefore,  the  Digital  Subscriber  Line 
must  provide: 

1.  Basic  voice-band  telaphona  capabilities.  The  familiar  call  set¬ 
up/disconnect  signalling  functions  must  be  provided  with  a 
subscriber-to-subscribcr  voice  path  being  established.  The  voice 
path  shall  be  64  kbit/s  compatible  with  Recommendation  G.711.  The 
Digital  Subscriber  Line  itself  shall  provide  a  64  kbit/s  voice 
channel  between  the  subscriber  station  equipments  and  the  digital 
local  exchange  for  this  purpose. 

2.  Circuit-switched  64  kbit/s  digital  connectivity  for  non-voice 
communication.  This  can  be  provided  via  the  same  Digital  Subscriber 
Line  channel  used  for  voice  coiimunlcation  on  an  alternate  use  basis 
or  through  additional  64  kbit/s  channel(s). 


3.  Signalling  means  to  establish  either  voice  or  non-voice  calls  on  the 
64  kblt/s  channel (s).  The  signalling  function  proposed  herein  is 
implemented  via  a  channel  separate  from  those  previously  defined. 
The  use  of  a  separate  channel  enables  the  definition  of  new  services 
to  the  subscriber  which  require  signalling  simultaneously  with  voice 
or  non-voice  communication  as  required  to  Implement  multiple  channel 
call  set-up,  or  polling  based  features  such  as  security  services, 
etc.  Only  one  signalling  channel  will  be  specified  per  Digital 
Subscriber  Lino  regardless  of  the  number  of  additional  voice  or  non- 
voice  channels. 


4.  Provision  for  low  traffic  density  ,  long  holding  time,  communication 
associated  with  new  non-voice  services.  Many  new  service 
capabilities,  such  as  electronic  security,  electronic  funds 
transactions,  enhanced  directory  services,  and  limited  data  base 
access  have  the  characteristic  of  interaction  between  the  subscriber 
at  his  terminal  equipment  and  a  network  (or  non-network)  resource. 
These  interactions  may  be  most  efficiently  provided  by  che  network 
through  a  message  switching  capability  rather  than  throc^h  a  circuit 
switched  path. 

5,  For  a  Digital  Subscriber  Line  Implemented  using  very  wide  bandwidth 
transmission  media  (such  as  fiber  optic  links)  the  possibility  of  the 
inclusion  of  video  bandwidth  channel (s)  should  be  accommodated.  in 
particular,  the  signalling  plan  should  be  extensible  to  control  such 
channels. 

A  general  definition  which  might  cover  the  specific  realization  of  a  Digital 
Subscriber  Line  which  meets  these  requirements  is  characterized  by 

Digital  Subscriber  Line  ■  nV  +  mD  +  pW  +  S  +  P, 

where  V  represents  64  kbit/s  voice  or  non-voice  channels.  The 
specific  Digital  Subscriber  Line  will  include  n  such 
channels  where  n  1. 

0  represents  <  64  kblt/s  channels  to  be  used  exclusively  for 
non-voice  communication.  The  Digital  Subscriber  Line  may 
contain  m  such  channels  where  m  >  0. 

W  represents  high-rate  channels.  A  fiber  optic  Digital 
Subscriber  Line  might  contain  p  such  channels  where  p  >  0. 
The  specific  transmission  mechanism  associated  with  hTgh- 
rate  or  video  channels,  whether  analogue  or  digital,  cannot 
be  established  at  this  time. 


(22) 
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represents  a  message  oriented  (as  distinguished  from 
circuit  switched)  channel  upon  which  all  signalling  to  and 
from  the  subscriber's  premises  takes  place. 


F  represents  framing,  synchronization  and  other  line  control 
bits.  These  signals  are  not  available  to  either  the 
subscrioer  or  exchange  for  Information  transfer. 

A  functional  diagram  of  the  Digital  Subscriber  Line,  the  Digital  Local 
Exchange  and  the  subscriber  premise  equipment  is  as  depicted  in  Figure  1. 

The  Signalling  Channel  provides  for  the  coordination  and  control  between  the 
exchange  and  the  subscriber.  In  general,  the  subscriber  equipment  might 
consist  of  a  centralized  subscriber  control  equipment  and  a  multiplicity  of 
connecting  subscriber  terminal  equipments.  In  order  to  facilitate  this 
control  function,  the  signalling  channel  must  have  the  capability  to 
identify  call  activity  on  the  remaining  Digital  Subscriber  Line  channels, 
and  to  Identify  the  specific  subscriber  terminal  equipments  Involved  in  such 
activity.  As  such,  the  functional  needs  for  signalling  are  very  similar  to 
those  well  known  for  communication  between  a  pair  of  local  exchanges.  A 
channel  numbering  plan  and  a  terminal  numbering  plan  must  be  included. 

4.  Aspects  of  a  digital  subscriber  line  subject  to  Recommendation 

It  should  be  the  objective  of  Recbmmendatlon  to  encourage  flexibility  where 
growiii  and  change  is  desirable,  and  to  fix  certain  parameters  where  growth 
or  <  ^ange  ivould  render  major  portions  of  a  digital  network  obsolete.  The 
possibility  of  a  family  of  specific  Digital  Subscriber  Lines  with  various 
number  of  V,  D,  and  W  channels  should  be  kept  open  because  future  service 
opportunities  may  require  additional  bandwidth.  Future  technology, 
especially  fiber  optics,  say  provide  the  high  bandwidth  Digital  Subscriber 
Line  connectivity  in  a  cost  effective  manner.  However,  the  specific 
communication  protocols  associated  ;ith  Digital  Subscriber  Line  signalling 
should  be  established  and  held  reasonably  constant  in’order  to  minimize  the 
impact  of  evolutionary  change  upon  the  network  signalling  facility.  It  is 
t'lerefore  desirable  to  establish  a  highly  flexible  Digital  Subscriber  Line 
signalling  plan  which  is  both  general  and  extensible  and  Independent  cf  the 
transmission  method  and  medium  to  provide  a  built-in  mechanism  for  growth 
and  change.  Such  a  goal  may  be  realized  through  the  use  of  a  message 
oriented  signalling  protocol  following  generally  in  methor’  and  philosophy 
from  that  established  for  inter-exchange  common  channel  signu..llng. 

The  Digital  Subscriber  Line,  therefore,  should  be  defined  given  a  minimum 
configuration  with  opportunities  for  further  extension  in  the  areas  r  ^  voice 
and/or  non-voice  channels.  The  minimum  Digital  Subscriber  Line  .Ists, 

therefore,  of  a  signalling  channel  and  a  single  voice  channel.  Obvious 
extensions  include  rdditional  64  kbit/s  volce/non-volce  channels,  additional 
non-voice  channels  of  (for  the  present)  unspecified  bit  rates,  or  video  rate 
channels. 

With  reference  to  Figure  1,  the  channels  previously  described  should  be 
defined  specifically  at  interfaces  B  and  E  only.  This  will  allow  for 
evolutionary  improvements  of  the  transmission  and  system  technologies 
related  to  interfaces  C  and  D.  Interface  A  should  also  become  subject  to 
standardization  but  refers  to  the  intrapremises  link  between  a  subscriber 
terminal  and  the  centralized  communications  equipment.  As  such,  it  is  not  a 
component  of  the  Digital  Subscriber  Line;  l.e.,  it  does  not  interface 
directly  to  the  network  and  should  be  considered  separately. 

With  these  considerations  in  mind,  the  remainder  of  this  contribution  will 
be  addressed  to  the  information  structure  of  the  Digital  Subscriber  Line  as 
specified  at  interface  E.  Specific  bit  rates  will  refer  to  the  information 
bit  rate  of  that  interface  and  not  to  the  transmission  rate  as  specified  at 
interfaces  c  or  D. 
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5.  Bit  rates  associated  with  the  digital  subscriber  line 

th«  Digital  Subscribar  Lina  shall  carry  signalling,  voice,  and  non-voice 
inforaation  organizad  into  channels  and  conforming  to  the  expression 

Digital  Subscriber  Lina  -  nV  ♦  mD  4^  S. 

k  bit  rate  associated  with  video  transmission  (W)  cannot  be  established  at 
this  time,  and  will  be  omitr-d  from  further  discussion.  Also,  the  specific 
bit  rate  associated  with  <  kbit/s  non-voice  channels  (D)  cannot  be 

identified  at  this  time.  at  interface  E  (Figure  1)  voice  or  non-voice 
channels  (V)  shall  be  realized  at  64  kblt/s.  The  signalling  channel  shall 
be  realized  at  >  8  kbit/s. 


The  particular  electrical  format  defined  at  interface  E  is  not  proposed 
herein.  Only  the  information  to  be  provided  at  interface  £  is  specified. 

In  addition  to  the  above  channels,  non-informatlon  bits  will  be  provided  for 
synchronization  and  alignment.  All  such  bits  used  for  line  synchronization, 
framing  and  line  integrity  appearing  at  Interfaces  C  and  0  shall  be  utilized 
by  the  Line  Terminating  Equipment  (LTE)  and  not  reported  to  interface  B. 

The  selection  of  a  bit  rate  for  the  signalling  channel  must  take  into 
account  both  the  average  message  information  bit  rate  to  meet  the  needs  of 
telephony  and  new  services,  and  minimum  delay  requirements  with  respect  to 
system  responsiveness  to  subscriber  input  stimuli.  Studies  have  shown  that 
the  average  information  rate  (channel  occupancy)  on  the  signalling  channel 
will  be  very  low  .  However,  the  delays  associated  with  a  message  oriented 
signalling  protocol  would  be  excessive  at  low  signalling  channel  bit  rates. 
Therefore,  in  order  to  minimize  signalling  delays  in  order  to  meet 
anticipated  STE/ET  delay  requirements  a  signalling  channel  bit  rate  of  at 
least  8  kbit/s  is  proposed. 


6,  Communication  protocol  associated  with  digital  subscriber  line 
signalling 

In  order  to  maximize  the  flexibility  and  extensibility  of  Digital  Subscriber 
Line  signalling,  the  choice  of  a  hierarchical  (or  layered)  signalling 
protocol  is  recommended.  Schemes  similar  to  Signalling  System  No.  7  have 
been  considered  as  models  for  such  a  protocol.  Because  the  Digital 
Subscriber  Line  interfaces  with  the  customer's  premises,  the  cost  of 
signalling  implementation  must  be  kept  as  low  as  possible.  For  this  reason, 
the  direct  utilization  of  Signalling  System  No.  7  for  Digital  subscriber 
Lines  does  not  seem  reasonable,  However,  a  new  hierarchical  protocol  tuned 
to  the  needs  of  Digital  subscriber  Line  signalling  is  generally  described  as 
follows : 

Level  I  -  Physical  LI  A  full  duplex  link  of  at  least  8  kblt/s  is 
specifically  sroposed. 

Level  2  -  Link  Level  Controls  Link  control  procedures  using  a  bit  oriented 
protocol  with  a  frame  level  structure  comprising  frame  delimiters 
(flagt'i  ,  zero  insertion/deletion,  and  cyclic  redundancy  check. 
This  will  provide  secure  message  alignment  protected  from 
Information  pattern  simulation,  complete  transparency,  and 
effective  detection  of  transmission  errors.  Specific  error 
recovery  procedures  should  be  tailored  to  Digital  Subscriber  Line 
signalling  characteristics. 

Level  3  -  Routing:  Message  level  control  will  be  required  to  manage  end- 
to-end  message  communication. 
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Level  4  -  End-to-End-Messa9e  Transfers  Messages  will  be  passed  from  the 
subscriber  control  equipment  to  the  digital  local  exchange 
requiring  little  message-transfer  control.  Howauer*  those 
messages  destined  for  o.ther  entities  in  (or  external  to)  the 
telephone  network  will  require  message  transfer  control.  Further 
contributions  are  required  in  this  area. 

Level  5  -  Application:  The  end  applications  consist  of  the  software 
processes  located  in  the  subscriber  control  equipment  and 
signalling  destination  which  actively  initiate  and/or  receive 
signalling  mesaagas. 

Formal  specification  of  layering  beyond  level  5  is  not  proposed  in  this 
contribution  and  may  not  be  necessary  because  the  software  in  the  Subscriber 
Control  Equipment  will  not  be  excessively  complex.  This  does  not  preclude 
further  layering  of  the  application  layer  at  the  discretion  of  the  user. 

Specific  definition  of  Levels  1,  2,  and  3  should  be  the  subject  for 
Recommendations,  while  the  full  definition  of  Levels  4  and  5  should  be  left 
to  the  particular  Administration.  A  basic  message  set  should  be  defined  at 
levels  4  and  5  to  accommodate  basic  telephony  services.  However,  the  full 
message  set  will  reflect  the  particular  set  of  services  and  features  to  be 
ottered  by  the  individual  Administrations  and  may  vary  from  Administration 
to  Administration. 

Message  types  to  be  Included  in  Level  5  Include  signal  and  maintenance 
Information.  Messages  should  be  addressable  from  the  subscriber  control 
equipment  to  the  Local  Exchange  for  normal  signalling,  for  end-to-end 
terminal  control  and  for  special  call  features. 


7,  Conclusion 

A  signalling  plan  for  Digital  Subscriber  Lines  must  not  be  limited  by 
present  technological  realizations.  Future  capabilities  will  surely  add 
continual  growth  to  the  requirements  of  Digital  Subscriber  Line  signalling. 
An  overview  of  a  flexible  and  extensif-4s  signalling  protocol  undet  study  by 
ATST  has  bean  described  herein  fo.  consioeraticn  in  this  area.  A  major 
problem  area  still  to  be  addressed  is  the  interworking  of  Digital  Subscriber 
Lines  with  analogue  subscriber  lines  via  either  digital  or  analogue 
Interaxchange  circuits  for  the  end-to-end  traniMission  of  push-button 
telephone  generated  information. 
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Annex  U 

(to  Question  i/XVIII) 


Studies  of  digital  local  networks 
(Contribution  from  Swedish  Administration) 


Introduction 

In  contribution  COM  XI  -  No,277/C0H  XVIII  -  No. 310  the  Swedish  Administration 
presented  the  results  of  discussions  among  some  European  countries  on  a 
possible  basis  for  international  studies  of  digital  local  networks.  The  same 
contribution  was  available  as  delayed  document  0. Ik  at  the  April  1979  meeting 
of  Study  Group  VII.  Extracts  of  the  document  are  included  as  the  Annex  to 
draft  Question  IF/VI  I  (see  COM. VI I  -  No.369i  p.2k0). 


These  discussions  have  continued  and  resulted  in  an  updated  version  of  the 
report  already  submitted.  Especially,  sections  1-3  and  l.k  of  the  first  report 
have  been  replaced  by  new  sections  1.3,  t.k  and  l-S-  For  updating  of  the  in¬ 
formation  Submitted  in  the  first  report  these  new  sections  1.3,  1-k  and  1.5 
are  reproduced  in  this  contribution.  The  report  is  a  result  of  an  expert  group 
in  which  the  following  Administrations  participated: 

Belgium,  Denmark,  France,  Finland,  Germany  (Federal  Republic),  Italy, 
Netherlands,  Norway,  Spain,  Sweden,  Switzerland. 
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1 . 3  Function.ll  -nccwart^  oi'chi  tccture 

1.3. t  Concept  of  tv/0  categories  or  nett-iork  functions 

A  first  approach  is  to  identify  two  categories  of  netv.-ork  functions: 

-  a  category  of  basic  functions  relating  to  circuit  switched  64  kbit/s 
digital  connections  which  viould  be  provided  by  all  local  exchanges; 
this  category  provides  telephony  and  possibly  circuit  sviitchsd  data 


-  a  category  of  additional  functions  relating  to  services  which  require 
additional  capabilities  which  need  only  be  provided  in  special  equip- 
ments  located  in  particular  network  nodes  or  provided  by  specialized 
tub'netmrks.  The  digital  local  netvjork  would,  as  part  of  the  basic 
functions,  provide  access  to  these  special  equipment  or  sub-networks. 
Such  access  would  be  on  demand  and  on  a  cal  t-by-..al  I  basis  following 
class  of  service  or  selection  Information  or  on  a  hot-line  basis 
for  every  call  from  a  particular  customer.  Signalling  betvjeen  the  cus¬ 
tomer  terminal  and  the  special  equipments  would  be  inslot  and  in¬ 
dependent  of  the  basic  functions. 

Figure  2  illustrates  this  concept  of  two  categories  of  network  func¬ 
tions.  Further  activities  are  required  to  achieve  a  more  precise 
and  detailed  illustration  of  different  aspects  of  the  (functional) 
netvnrk  architecture.  Also,  a  suitable  terminology  for  describing 
different  phases  in  network  evolution  needs  to  be  established.  It 
is  for  example  desireable  that  the  CCITT  definition  of  ISON  Is  modi¬ 
fied  to  take  evolutionary  aspects  into  account. 

1.3.2  Interfaces,  levels 

With  regard  to  the  different  interfaces  of  the  digital  local  net-.«rk 
(see  Figure  1)  it  will  be  required  to  define  for  each  interface  a 
number  of  Interface  elements  relating  to  the  technique  adopted  and 
the  customer  access  protocols  for  different  services.  These  interface 
elements  should  be  organised  In  functional  levels  corresponding  to 
for  example  the  open  systems  architecture  being  developed  by  CCITT 
and  ISO.  For  example,  the  Interfaces  of  the  digital  subscriber  line 
could  be  organized  with  the  folloviing  functional  levels: 

Level  I  -  Physical  link  provision  defining  the  functions  relating  to 
the  physical,  electrical,  logical  and  line  transmission 
technique  related  parameters  of  the  interface  (as  applicable) 

Level  2  -  Link  access  protocol  defining  the  functions  relating  to, 
for  each  cotnnunlcation  channel  provided  by  level  I,  the 
technique  by  which  higher  level  Information  Is  transferred 
over  the  channel. 

Level  5  *  Call  control  procedure  defining  the  functions  relating 
to  control  of  call  set-up  and  release  for  svvitched 
services. 

Level  4  -  End-to-end  protocol  defining  the  functions  relating  to 
end-to-end  communications  between  subscriber  terminals 
or  between  subscriber  terminals  and  network  resources. 
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Depending  on  che  type  of  service  and  how  it  is  accessed  the  level 
2,  3  and  4  elements  may  have  to  be  defined  separately  for  different 
phases  of  a  call. 

1.4  Customer  access  types 

Customer  terminals  and  digital  PABX  will  evolve  rapidly  with  techno¬ 
logies  like  microprocessors,  automation  in  the  office  sector  and  the 
definition  of  new  services.  An  appropriate  definition  of  the  customer 
access  is  therefore  of  utmost  importance,  k^ilst  aiming  at  a  flexible 
and  openended  approach  to  new  services  and  customer  terminals,  a  limi¬ 
ted  nuisber  of  customer  access  types  should  be  standardised. 

1.4.1  Fundamental  assumptions 

The  customer  access  types  defined  in  this  and  subsequent  paragraphs 
relate  to  the  functional  elements  of  the  local  network  as  shovm  in 
Figure!.  A  number  of  basic  information  types  generated  and  received 
by  iSDU  customers  have  been  identified.  These  types,  which  are  charac¬ 
terised  taking  type  of  service,  information  rate  and  handling  in  the 
nettvork  into  account, comprise; 

Type  a  -  Signals  corresponding  to  a  conventional  (enaiogue)  telephone 
Subscriber  station,  i.e.  including  decadic  pulsing  or  multi 
frequency  signalling  (HFPB) 

Itote  Ito  further  consideration  is  given  to  this  type  of 
information  in  the  context  of  access  definition. 

Type  b  -  Digital  information  at  64  kbit/s  representing,  for  example: 

(i)  digital  voice  at  64  kbit/s 

(ii)  digital  signals  at  64  kbit/s  (e.g.  Rec.  X. I  data 
user  classes  with  rate  adaptation  at  the  Circuit 
Terminating  Equipemnt  (CTE)  up  to  64  kbit/s) 

(iii)  Combined  digital  signal  at  an  overall  bit  rate  of 
64  kbit/s  (e.g.  digital  voice  together  with  data). 

While  some  customers  will  require  dedicated  access  to  only 
one  of  these  service  options,  provision  should  be  made  fer 
alternat.ve  operation  on  a  call  by  call  basis,  and  for  changing 
during  an  established  call.  Limitations  to  this  latter  fea¬ 
ture  will  be  encountered  in  mixed  analogue/digital  neiv.'orks 
(see  para  2.1.c}. 

Type  bb  -  Digital  information  at  n  x  64  kbit/s  representing,  for  example, 

(i)  digitally  encoded  broad-band  audio  signals 

(ii)  high  speed  non-voice  services  (e.g.  fast  facsimile 
or  still  picture  transmission). 


(iii)  combinations  of  (i)  and  (ii). 


!lo. 


Type  t  -  Telemetry  informations  at  very  lovi  rate  conveying  for  exanqjte: 
'(i)  customer  alarms 

{ii}  signals  for  remote  control  of  equipcent  on  custo¬ 
mer's  premises 

(Hi)  remote  meter  reading. 

Type  d  -  Digita?  information  representing  low  speed  services  (e.q.  accor¬ 
ding  to  Rec .  X. I  at  a  maxinua  user  rate  of  either  4.8  or 
S.6  kbit/s;  sea  also  1.4.2).  This  information  may  be  trans¬ 
ferred  simul taneosly  with  the  information  of  type  b,  e.g. 

-  for  access  to  a  data  base 

-  for  transmission  of  a  facsimile  picture. 

Furthemore,  d  might  represent  a  spare  capacity  for  uses 
yet  to  be  defined. 

Type  s  -  Basic  subscriber-nettiork  sigr.a! I ir-.g  information  channel 

allowing  for  the  control  and  eonitoring  of  network  resources 
by  th:  customer  (in  a  broad  sense,  e.g.  including  call  pro¬ 
gress  Signals,  charging  indication,  caintenance  information, 
etc.). 

It  is  understood  that  a  single,  unified  sigr.alling  system  should 
be  defined  having  the  capability  to  ccntrol  the  access  of  one 
b-type  Infoncat  ion  end  also  of  one  ensemble  like  b  +  d  and  also 
of  multiple  b-type  information  accesses. 

1.4.2  Basic  access 

The  basic  digital  customer  access  to  the  ISOU  is  defined  in  relation 
to  Interface  8  of  Fig.  1.  It  provides  for  the  transfer  of  information 
on  a  channel  with  the  following  composite  structure. 


The  following  aggregate  bit  rates  are  foreseen: 

-  channel  b;  64  kbic/s 

-  channel  l6  kbit/s  and  6  kbit/s. 

Note  -  The  choice  between  \6  kbii/s  and  9  kbi'./s  sh-juld  be  further 

assesed  taking  into  account  furth.r  considerations  on  the  in¬ 
formation  type;  namely  the  desirability  of  providing  for  such 
information  and  the  limitation  of  the  rate  for  such  inforn-ation 
to  4.8  or  9-6  kbit/s. 

Cnar.nci  b  rcfci'.^  tC  a  -.r.cl  with  chjr.sctifricrics  defined  in  1.4.1 

vihile  for  channel  A  ,  two  alternatives  are  set  for  further  study; 

(A)  represents  a  comoon  pool  dynamically  shared,  as  applicable, 
by  different  information  types  s,  t  and  d. 


(8}  is  divided  in  a  fixed  way,  by  appropriate  tioe  division  ailti- 
plexing  tecfxiiques,  into  two  subchannels  and 

A  j  is  dyn^icaliy  shared  by  inforaation  tvoes  s  and  t 

/\ 2  is  allocated  to  inforaation  type  d. 

It  is  understood  that  the  two  alternatives  (A)  and  {8}  represent 
in  fact  two  ulasses  of  possible  solutions.  It  is  urgently  re- 
Quir^  to  evaluate  the  eleavnts  of  both  classes  in  order  to  be  able 
to  ^ickly  decide  on  only  one  (class  of)  soiutlon(s}. 

leate  I  ~  The  requirsaents  for  an  additional  cooeunicatian  channel  such 
as  for  the  d  type  of  inforaation,  (A)  and  (6)  alternatives,  aay  also 
be  covered  by  a  second  b  channel . 

Ikite  2  -  With  the  exception  of  one  adoinistration,  the  view  was  gene¬ 
rally  expressed  that  inforntion  wi  theA2  channel  tfill  be  padded  to 
64  kbit/s  prior  to  switching  in  the  exchai^. 

The  agreed  coison  features  of  the  channel  in  version  (A)  and  the 
^  ^  channel  in  version  (6)  are: 

>  Si^ialling  in  tlwe  fom  of  nessages  of  variable  length 

-  Each  Message  will  be  f rawed 

-  Fra«es  will  be  deliaited  by  appropriate  flags 

-  SipMitling  protocols  should  be  bit  rate  Independent 

-  Sljpiailing  protocols  should  be  structured  into  a  niffber  of  functional 
levels  or  layers  (see  1.3.2}. 

In  alternative  (A)  idwre  d  type  of  inferoation  when  used  for  sone  packet 
switched  data  service,  will  be  Messaj^  interleaved  with  signalling  in- 
fonaiion.  the  intention  is  to  specify  a  co^Kiratively  si^le  link 
access  protocoi  (level  2)  prioarlly  (^signed  for  signalling  requireeents; 
thus  tl»  full  capabilities  (and  c«»plexitic5)of foraxcfi?p!e,the  X.25  inter¬ 
face,  level  2,  will  f»t  be  provided  in  the  signalling  access  protocol. 

In  the  follc-.<iog  the  tera  "ogt-slot  channel”  will  be  used  to  denote  the  ^ 
or  t  +  A2>  channel. 

I.k.j  Broadband  access 

Three  cases  of  access  for  bb-type  inforaation  have  been  identified: 

(!}  In  case  the  ISON  allows  for  ^itislot  switching  of  n  x  6% 
kbit/s  (n  being  a  soalt  integer),  appropriate  C  and  0  type 
Interfaces  oust  be  defined,  preferably  in  line  with  other 
Standard  Multiplex  interfaces. 

Note:  The  Muitislot  switching  capability  is  for  further  study. 
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(ii)  If  {■)  does  not  apply,  a  feti  parallel  basic  accesses  according 
to  l.l».2  nay  be  provided.  Fu'ther  study  is  needed  to  incor¬ 
porate  aachanisins  within  the  CTt  which  ensure  liise  slot  se¬ 
quence  integrity. 

For  both  (i)  and  (ii),  the  agreed  subscriber  network  signalling  method 
id  identical  to  the  one  described  in  Further  study  is  needed 

for  the  practical  inpleiaentat ion. 

(iii)  For  services  requiring  several  6I|  kbit/s  digital  paths  an 
appropriate  standard  icultipler.  for  Subscriber  access  will 
be  providid.  The  signalling  a-rengcrent  for  these  applica- 
licns  are  for  further  study. 

!.1i.4  PASa  access 

Ti-o  cases  have  been  identified: 

Type  1  -  Access  of  the  PASX  to  the  serving  local  exchange  is  either  by 
by  a  nu=ber  of  individual  basic  accesses  or  alternatively  through 
a  suitable  cultiplex. 

T/pe  2  -  Connection  of  the  PAbX  to  the  serving  local  exchange  is  per- 
foraed  by  an  appropriate  standard  tstltiplex,  with  coexun  channel 
signalling.  The  Message  Transfer  Part  of  the  signalling  shall  be  con¬ 
sistent  with  the  one  defined  in  CCITT  Signalling  System  No.  7. 

1.5  Explanations  to  Figure  t 

Figure  1  shows  a  nueber  of  possible  functional  interfaces  in  the  local 
networks  of  ISOM,  some  of  t<hich  may  need  to  be  the  subject  of  recoumen- 
daclons.  It  is  eag>hasised  that  the  block  diagr^  represents  functional 
entities  and  is  not  intended  to  represent  har«k«are  ii^lementations. 

The  following  comencs  apply  to  Figure  I. 

a)  Tiie  functional  circles  diagran  wi  thin  the  large  SLIC  box  reprcs<*nts  the 
routing  of  information  «>-pus  into  the  Wi  kbit/s  basic  channel  and 

the  out-slot  channel. 

b)  The  Stic  functional  representation  in  Figure  1  docs  not  ii^ly  that 
ail  functions  aay  indeed  always  be  i^ler,ented,  e.g  the  out-slot 
channel  access  for  low  speed  services. 

c)  A  certain  degree  of  flexibility  is  rccowwnded  when  interpreting  the 
various  functional  interfaces  of  the  SLIC:  Aj,  A^,  A,  and  B^.  While 
interfaces  A.  and  A,  will  typically  correspond  to  external  equifMent 
interfaces,  interfaces  Aj  and  B  migist  correspond  to  internal  inter¬ 
faces  only.  Interface  Aj  typically  refers  to  the  physical  connec¬ 
tion  of  a  digital  vioce  channel  at  6li  kbit/s  with  digital  out-slot 
signalling.  Should  this  interface  correspond  to  the  physical  connec¬ 
tion  of  an  analogue  voice  cha.onel  then  coice  coding  and  digital  out- 
slot  signalling  generation  would  be  psrforired  by  the  SLIC,  Interface 
A,  typically  refers  to  the  physical  connection  of  a  data  terminal 
equipment  (DTE).  For  cxorple  this  icay  in  the  near  future  be  on  X.2I 
or  X.25  tyoe  of  ininrface;  in  this  case  data  osddi.nq  us  to  kbit/s 


) 
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and  oufSiot  siqnal'tin^  Generation  are  perfortssd  by  the  SLiC.  Hon-ever, 
for  future  data  cosnunication  this  interface  ciaht  correspond  to  the 
connection  of  a  tlT£  oensratinQ  data  at  64  kbit/s  trith  diqital  out-slot 
sionalling,  Siailarly  interfaces  A.  eioht  cerrsaDond  to  the  physical 
connection  of  slo>i  soeed  DTEs  ooerstina  uith  a  CCITT  standard  inter¬ 
face  or  a  netf  interface. 


d)  In  vieM  of  the  savercs!  tvoas  of  interfaces  A^.  and  A,  it  is  rc- 
coonised  that  priority  should  be  qivsn  in  the  first  instance  to 
the  Study  of  interface  where  the  characteristics  of  the  64  kbit/s 
and  the  channel  can  be  specified  reaardless  of  the  physical  ioole- 
centation  of  functions  DCrforatd  b\  STEs  and  SLICs. 


The  SLIC  cans  the  characteristics  of  the  different  Aj .  A  and  A 
interfaces  into  a  coc=»n  Bg  interface.  Interface  rcaufres  the 
specification  of  various  interface  levels,  inctudinq  the  inter- 
leavinq  technique  of  the  various  types  of  infonnation.  It  is  recoq- 
nised  that  the  interleavinq  technique  oiqht  ieply  or  not  leoly  the 
provision  of  aliqneent  information;  this  information  aiqht  be 
carried  over  the  subscriber  loop  by  exoloitinq  the  line  transmission 
technique  (e.q.  the  line  codinq). 

e)  Concerninq  net%e>rlc  provided  broad-band  services  requiring  n  x  64  kbit/s 
the  interfaces  B. .  C.  and  0.  Mill,  depending  on  the  value  of  a  and 
the  conditions  in  each  particular  case,  be: 


-  n  parallel  Bji,  and  0^  interfaces,  respectively,  or 
>  Cj  and  F  interfaces,  respectively. 

See  also  1.4.3. 

f)  Concerning  PASXs  (of  type  2).  interfaces  S^,  and  uill  taatch 
the  I,  F,  Cj^  and  respectively.  See  alto**1.l:z4. 

g)  Concerning  remote  digital  concentrators  and  nuldexes  the  use  of 
the  standard  2  iSiic/s  and  -3  lti>it/s  interfaces  t$  envisaged.  Inter¬ 
faces  E  and  F  should  be  in  accordance  with  CCITT  flee.  G7&3>  Although 
some  differences  probably  cannot  be  avoided,  interfaces  E  and  F  should 
be  based  on  Kecs.  G  734  and  G.  746.  A  neu  muldex  with  lower  capacity 
than  2  hbit/s,  of  which  possible  standardisation  is  under  study,  can 
also  be  used  for  interfaces  £  and  F. 
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QUESTION  3/XVIII  -  Synchronization  in  digital  networks 
(continuation  of  Question  3/XVIII,  studied  in  1977-1980) 

Considering 

a)  that  general  agreement  has  been  reached  in  the  previous  study  period  on  the 
need  for  high  quality  timing  control  in  the  national  digital  networks, 

b)  that  the  decision  to  operate  international  connections  in  the  first  instance 
on  a  plesiochronous  basis  has  been  made, 

c)  that  the  interest  has  been  expressed  by  some  Administrations  in  continuing  to 
study  the  possibility  in  the  longer  term  of  a  synchronized  international  network, 

d)  that  the  requirements  on  the  interconnection  of  international  digital  links 
are  defined  in  Recommendation  G.811, 

e)  that  basic  agreement  has  been  reached  on  the  need  for  end-to-end  performance 
requirements  on  digital  connections, 

f)  that  some  of  these  requirements  have  been  defined  in  draft  Recommendation  G.822, 

g)  that  further  refinements  of  these  Recommendations  are  required, 

1)  What  are  the  requirements  for  synchronization  methods  in  national  networks, 
to  provide  compatibility  in  international  connections  and  to  ensure  the  end^-to-end 
performance  requirements  are  met  ? 

2)  What  methods  should  be  used  for  the  synchronization  of  the  international 
ISDN  and  dedicated  IDNs  7 

3)  What  additional  slip  criteria  are  to  be  recommended  for  the  end-to-end 
performance  of  a  digital  connection,  during  periods  of  temporary  loss  of 
synchronization  7 

4)  Ho'  should  the  reliability  of  network  clocks  be  defined  and  what  values 
should  be  allocated  to  reliability  7 

5)  What  synchronization  requirements  are  needed  when  satellite  switched/TDHA 
mode  links  are  incorporated  into  the  network  7 

6)  What  further  studies  are  required  to  define  the  limits  of  wander  likely  to 
be  encountered  7  How  should  this  be  specified  7 

7)  What  modifications  or  additions  are  required  to  Recommendation  G.8ll 
(Performance  of  clocks  suitable  for  plesiochronous  operation  of  international  digits 
links)  and  G.822  (Controlled  slip  rate  objectives  on  an  international  digital 
connection)  7  It  will  be  desirable  to  harmonize  the  relevant  G,  Q  and  X  series 
Recommendations . 

8)  What  additional  Recommendations  need  to  be  formulated  to  satisfy  the  above 
points  7 
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Annex 

(to  Question  3/XVIIl) 

Proposed  draft  Reconaendation  G.8YY  -  Jitter  and  wander 
iu  a  digital  network 

(contribution  by  Nippon  Telegraph  t  Telephone  Public  Corporation) 


1.  Introduction 


Study  Group  XVIIl  agreed  to  define  the  Recoaaendation  CSVY 
specifying  wxlaua  tolerable  wander  as  a  design  object  of  a  fraae  aligner  at 
network  node.  The  general  guideline,  as  follows,  was  established  at  the 
May,  1979  eeatlng. 

a)  It  should  be  recognized  that  excess  buffer  size  will 
significantly  Increase  the  delay  through  the  exchange. 

b)  The  specification  on  wander  should  be  taken  as  a  coaaon 
design  raquireaent  for  a  fraae  aligner. 

c)  In  the  study  of  wander,  it  is  necessary  to  refer  to  present 
CCITT  RecoaBendatlons. 

-G.721:  hypothetical  reference  digital  path 
~  0.1 Ok:  hypothetical  reference  connection 
'0.811:  international  pleaiochronous  links 


This  contribution  provides  the  basis  for  technical 
considerations  on  this  aatter  as  well  as  the  text  of  draft 
rscoaaendatlon  O.BTT. 

2.  Poranoter  related  to  weuider 

2.1  Hetwerk  cgnfiguriUBn 

a)  The  national  network  has  five  hierarchical  levels. 

b)  Maxiaua  length  of  digital  links: 

long-haul  link:  5000  ka 
short-haul  'ink:  100  ka 

2.2  Source  flf  wander 

Two  factors  are  considered: 

a)  delay  deviation  due  to  teaperature  variation  in 
transaission  facilities; 

b)  phase  deviation  of  oscillators  at  a  network  node. 

(22i 
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2.3  Hander  due  to  tranaalaalon  facilltlea 

2-3.1  Tvpea  of  tranaalaalon  avateaa 

To  apecify  the  wander  of  tranaalaalon  facilltlea,  it  la 
aufficlent  to  take  Into  account  only  the  cable  tranamlaaion  ayateaa.  It  la 
beoauae  wander  via  radio-relay  ayateaa  can  be  conaldered  to  be  aaaller. 

Hander  of  aatelllte  and  optical  fiber  links  la  for  further 

study. 


2.3.2  Delay  verlatlon  oerfomancea 

Two  factors  should  be  taken  Into  account  to  specify  the  wander 
value  of  tranaaiaaion  facilities:  cables  and  repeaters. 

a)  Perforaanne  of  eablea 

Delay,  perforaances  due  to  teaperature  variation  can  be  given 
as  follows: 

syaaetrlaal  pair 

paper- insulated:  3.0  ns/ka  °C 

poly ethylene- insulated:  0.3  na/ka  ^ 
coaxial  cable  (2. 6/9. 5  aa):  O.03  ns/ka°C 

b)  Performance  of  repeatora 

Delay  variation  perfurouince  mainly  due  to  alatuning  of  a  tank 
circuit  can  be  apeclfled  as  folloua: 

At/OT  s  2/fo  (na/^C  rep) 

Where  At  :  delay  variation 

:■  clock  frequency  in  MHz 


rm 

m 


AT  :  temperature  variation 


i 

aS 


2.3.3  Teaperdture  variation 

The  values  of  teaperature  variation  are  not  yet  standardized, 
but  the  following  values  are  assumed  considering  the  typical  conditions. 


km 

m 

'ji 


I 
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2.3.1  Installation  condltlona  of  tranamlaaion  facllitiea 
The  following  typical  conditions  are  considered: 


long-haul  link  -  coaxial  cable  (1001  buried); 

short-haul  link  -  paper- insulated  pair  (100$  buried) 


or  polyethlene-insulated  (100$  aerial). 

2.3.5  IranaBlaaion  path  ag^el 

As  HRX  or  HRDP,  following  digital  paths  are  considered: 
long-haul  digital  link:  5000  ka; 
short-haul  digital  link:  100  km  (s  2  x  50  ka). 

2.3.6,  Wander  value 

From  the  conditions  described  above,  the  wander  value  due  to 
tranaalsslon  facilities  is  estiaated  as  follows: 


Daily 

Daily  and  yearly 

Long-haul 

0  ps 

3.6  PS 

Short-haul 

6.2  US 

10.4  ps 

Total 

6.2  ps 

14.0  ps 

(  p«ali-to-|>«ak  valuo  ) 


2.4  Wander  generated  at  a  network  node 

2.!t.i  In  case  of  sYnchronoua  network 

In  the  case  that  a  network  is  synchronized  by  a  aaster-slave 
or  a  Butual  synchronized  systea,  wander  generated  at  a  network  node  is  due  to 
phase  deviation  of  a  phase-locked  oscillator  such  as: 

a)  unstabillty  of  an  oscillator; 

b)  phase  drift  of  a  phase-locked  oscillator; 

c)  phase  deviation  due  to  digital  control, 


Taking  into  account  these  factors,  1/2  UI  ( peak-to-peak  value) 
is  considered  to  be  appropriate  as  a  aaxlmuo  wander  value  at  each  network 
node. 
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Therefore,  Mender  generated  at  each  netaork  node  la  given 

below. 


1.544  Mb/s:  tts  0.324  us 

2.048  )ft/s:  At  a  0.244  us 

2,4.2  BlBalflshroaflua  optration 

In  case  of  pleslochronous  operation,  wander  generated  at  a 
network  node  Is  due  to  Instability  of  oscillators  and  Its  value  Is  specified  as 
20  us  In  Recoaaendatlon  G.811.  But  as  some  administrations  pointed  out.  Its 
value  Is  too  large  from  the  viewpoint  of  feasibility. 

NTT  proposed  a  revised  value  of  2.5  us  In  the  accompanied 
contribution  (fCM  XVIll  No.  398). 

3.  Wander  in  a  digital  network 

3.1  Wander  In  a  natlonal.network 

Wander  In  each  digital  link  and  network  node  accumulates  along 
digital  links,  and  Its  accumulation  law  depends  upon  network  synchronization 
system:  master-slave,  mutual  and  pleslochronous  sytems.  Therefore,  It  Is 
necessary  to  estimate  the  maximum  wander  In  case  of  each  synchronization 
aystam. 

3.1.1  Maaff-alave  system 

In  the  case  that  a  national  digital  network  la  synchronized  by 
master-slave  syate  the  wander  accumulates  linearly  along  digital  links  as 
shown  below: 

Att  s  ♦  £At^ 

:  total  wander  In  a  digital  network 

:  wander  In  each  digital  link  due  to  transmission 

facilities 

Atu  :  Mnder . generated  at  each  network  node. 

Based  upon  the  network  parameters  and  the  wander  values  in 
each  section  as  shown  above,  total  wander  Is  given  am  follows* 

S  Ik.o  ♦  0.32  M  10 

*  17.2  (us) 

3.1.2  Mutual  synchronization  system 

In  this  ease,  the  maximum  wander  in  a  national  network  Is 

given  by: 

^TT  ■  (wander  of  one  digital  link]  *  [wander  generated  at 
both  end  network  nodes] 

a  la.O  ♦  2  X  0.32 

a  14.62  (us) 


(22) 
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3.1.3  PlMiochronoua  operation 

In  this  case,  the  BaxlmuB  wander  la  given  by: 

:  [wander  of  one  digital  link]  *  [wander  generated  by 

oscillators  at  both  end  network  nodes] 

«  Ik.O  ♦  2.5 

=  16.5  (pa) 

These  eatlwatlona  lead  to  the  conclusion  that  the  aaxiaua 
wander  in  a  national  digital  network  is  17.2  psec  for  any  network  and  any 
network  synchronization  systea. 

3,2  Wander  in  an  International  network 

To  estlaate  the  wander  in  an  international  network,  the  two 
cases  should  be  considered. 

Case  1:  Digital  path  is  set  up  through  international  gateway 
exchanges  connected  by  plesiochronous  operation. 

Case  2:  Digital  path  is  set  up  directly  between  neighbouring 

exchanges  in  neighbouring  countries  where  a  national  network 
is  synchronized  to  a  reference  clock. 

In  case  1,  wander  accuaulated  in  each  national  network  is 
isolated  by  the  international  link  using  plesiochronous  operation.  Therefore, 
the  aaxiaua  wander  is  equal  to  that  of  a  national  network. 

In  case  2,  the  BaxiauB  wander  is  given  by 

At  =  [wander  of  a  national  network]  *  [wander  generated  by 
reference  clocks] 

=  17.2  ♦  2.5 

=  19.8  (ps) 

4  Jitter  1b  a  digital  Betwork 

Jitter  at  each  hierarchical  level  is  specified  in 
fteeoaaendatlons  for  NULDEX  and  interfaces  as  shown  below: 

1.5kk  Hb/s:  Reccaaendation  G.7k3 

2.0)i8  Mb/s:  Recoaaendation  G.703 

8.448  Hb/s:  Recoaaendation  G.703 

5  leeoaaettdatlon  of  Jitter  aad  wander 

These  discussions  lead  to  the  Recoaaendation  G.SYX  which 
specifies  Jitter  and  wander  in  a  digital  network. 

Draft  Recoaaendation  G.8YT  is  attached  as  an  Annex  to  this 
contribution. 
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Annex 

{to  proposed  draft  Recoaaendation  G.8yY) 
Jitter  and  wander  in  a  digital  network 


1  General 

This  RecoiMndation  deala  with  the  lower  Halt  of  aaxlaua 
tolerable  Jitter  and  wander  in  digital  networks  to  establish  coaaon  design 
requlreaent  of  a  fraae  aligner  at  each  network  node.  The  fraae  aligner  Is 
looatad  in  a  difltil  exchange  teralnal,  a  synchronous  digital  aultiplex  or 
other  aynchronoua  equlpaenta.  Digital  networks  synchronised  by  the  following 
syateaa  are  aaauaed: 

International  links  — — —  plealochronous  (C.811); 

national  network  synchronous  (■aster>slave  or  autual) 

or  pleslochronoua. 

2  Jlttar  mna  4n  ■  dlsltsl  network 

2.1  Jitter  and  wander  In  a  national  network  or  international  links 

YU  iititay  flfflsaa 

The  aattaua  tolerable  Jitter  and  tiander  at  an  input  of  a 
fraae  aligner  in  a  national  nettnrk  or  an  international  link  via  gateway 
offices  are  specified  by  figure  1  and  Table  1. 

2.2  Jitter  and  wander  for  local  nelefabourhood  international  links 

The  BSKlaua  tolerable  Jitter  end  wander  for  local 
neighbourhood  international  links  are  specified  by  figure  1  and  Table  2. 


(22) 
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TABLE  2 


Values  tor  t—ait  tolerable  and  wander  at  frame  eligiera 


2048  kbit/s 

8448  kbit/a 

1544  kbit/s 

A,  (us) 

19.8 

19.8 

19.8 

A,(UX} 

X.S 

l.S 

2.0 

0.2 

0.2 

0.05 

f,(Hz) 

3  a  10'* 

3  a  lO"* 

3  a  10** 

nsH 

20 

20 

10 

f,(ila) 

2.4  a  10* 

400 

200 

f,(u) 

18  a  10* 

3  a  10* 

•  a  1(>* 

£^(Ha) 

100  a  10* 

400  a  10* 

40  a  10* 

gJESTICN  ii/XVIII  -  SignaUing  for  the  ISDS 

(continiiation  of  part  of  Question  2/XOII,  studied  in  197T-1980) 

CcMisiderinK 

a)  the  need  for  Ids  to  be  a  subset  of  the  ISd; 

b)  that  Recomendstions  for  Signalling  Systea  Bo.  7  have  been  preiwred  in 
Stoiy  Gitn^  XI  (aessage  transfer  part,  coson  to  all  users  and  services,  and  telepbony 
user  part)  and  in  Study  Group  VIX  {data  user  ^rt); 

e)  that  BeetaBendati<ai  X.25  exists  for  rec(»aending  an  interface  between  VTE  and 

KB  for  terainals  operating  in  the  ^chet  aode  on  public  data  networks  j 

d)  that  Sifpislling  ^stem  Bo.  7  is  like^  to  be  used  as  the  'tesis  for  network 
signalling  for  otl^  soiviees  in  an  ISDBi 

e)  the  need  for  additional  requireaents  for  custoer  access  signalling  identified 
in  Stv^  Group  XVIIX; 

f )  that  istoworking  between  eustoaer  access  signalling  and 
CCITT  SigMlling  Systea  Bo.  7  will  be  refluired; 

g)  ttet  functional  leering  c«icepts  for  data  networks  are  being  developed  m 

ccmi 

h)  thpt  coordinatitm  of  the  various  signs! lii^  requireaents  xn  an  ISBM  is 


i^essarv} 
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What  are  the  principles  which  should  forss  the  basis  for  detailed  stu^  of 
signalling  for  ISDN  and  provide  a  franework  within  which  equi^e^nt  SecoEcsendations  can 
be  produced  by  the  specialized  Study  Groups  in  regard  to  : 

1.  for  customer  access/network  signalling  for  terminals  (including  multi-service 
terminals  and  PABXs)  connected  to  an  IS3H  ? 

2.  for  handling  inter-exchange  signalling  for  the  various  services  in  an  ISDH  ? 

3-  for  througji-signalling  from  customer  equipment  to  network-provided  resources 

and  from  custcsier  access  including  multi-service  terminals  to  another  custraaer 
equipment,  end  to  end  ? 

h.  for  signalling  between  ISDH  exchanges  and  dedicated  networks  ? 

5-  to  provide  signalling  arrangements  for  the  switching  in  and  out  of  digital 

processing  devices  as  required  in  an  ISDH  ? 

6.  to  provide  for  the  application  of  the  functional  layering  principles  in 

developnent  of  signalling  protocols  in  an  ISDH  ? 

Bote  :  Relevant  material  is  to  be  found  in  Annexes  3  and  h  to  Question  1/XVIII. 
QU2STI0S  5/XVIII  -  Switching  for  the  ISDN 

(continuation  of  part  of  Question  2/XVI2I,  studied  in  1977-1980) 

Considering 

“  the  need  for  IDIs  to  be  a  subset  of  the  ISDH, 

"  tiat  Recfumup  ndations  for  digital  transit  exchanges  lave  been  prepared  in 
Study  (!rot9  XI, 

-  the  need  for  exchanges  to  be  able  to  switch  64  kbit/s  circuits  i*icb  My  be 
carrying  voice,  data  or  other  services, 

-  the  need  for  exchanges  to  meet  operational  and  performance  requirements  of 
voice,  data  and  other  services, 

-  the  need  to  control  processing  devices  which  aay  be  inclialed  in 
tfctmections, 

-  tlie  need  to  provide  interworkisig  and  interconnection  between  different 
standards  and  different  types  of  dedicated  networks, 

-  the  contribution  of  exchanges  to  overall  network  serforMscM, 

-  the  need  to  provide  interfaces  appropriate  to  equip^nt  which  will  be 

connected  to  exchanges,  frsa  the  cust<s:er  side  and  the  iaterexchaa^  side, 

*iQ«t  are  the  principlas  which  ahould  form  the  baaie  for  iletaUsd  stuty 
of  for  ISM,  and  pitnride  a  fraaei-otk  within  «d;ieh  eqidpamnt  ftarriMiiiiTiTiiii 

can  be  produced  by  the  apeeialiaed  study  groi^.  The  foUowir^  Mints  ahmiiit  be 
included  in  the  studies  : 

1,  The  interface  screen  local  netwerk  digital  trensniasicas  saI  tlw  local 
exchange  (or  ccmcentrator}- 
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2.  The  Intcrfacs  betwMn  trunk  and  Junction  digital  transaisslon  ayaten  and 
local  and  trunk  axchangaa  of  ISON* 

3*  Tha  intaiface  batuawa  ISOM  aaehangaa  and  transaisaion  aystevs  to  dadieatad 
natworks. 

4.  Proviaion  of  general  faaturea  raquirad  by  nany  aarvices  on  ISM. 

Proviaion  of  aarvica-dapendant  faaturaa  raquirad  In  parts  of  ISOM. 

6.  Mathod  of  oontrolUng  signal  procassing  davioas  (a.g.  echo  si^prassom). 

7.  Arranfeaants  for  darlving  charging  infomation  according  to  tha 
ragiit  rawaiita  of  d^farant  aarvicas  carriad  on  ISDN. 

8.  Arrangsnmta  for  tha  usa,  idantlfleation  and  analj^ls  of  sarvica 
indication* 

9*  KatMork  addraasing  and  nonbarlng  and  routing  options  for  intamoiicing 
batMaa  tha  ISOM  and  othar  natuorks,  and  Intareoanaxloiia  of  euatonan  eoni»ctad 
to  tha  XSOi  euatonars  eonnaetad  to  othar  natuorks* 

lU.  Hathoda  of  eanying  •Udar'band  aarrices  by  aaans  of  nultl-alot.  connexiana. 

11*  Suitching  jirngrani  raquiranmta  eoesistant  uith  natuork  rsquiranants 

(in  cot^aration  with  Question  9/;<VIII}. 

12*  Oparation  «d  nalntananea  of  switching  (in  cooparation  with  Question  IQ/XVZU). 

13*  Any  additional  proviaioaa  to  faeilitata  a  anooth  transition  towards 

a  conprahanalva  ISDN*. 

Sote  :  Relevant  aaterial  is  to  be  foimd  in  Annexes  3  and  i»  to  Question  1/XVlII. 


(gffiSnON  6/XVIII  -  Definition  for  digital  netwarks 
(continuation  of  Questiem  7/XVIII,  studied  in  1977~1S8C} 

Vbat  definitiem  shoidd  be  given  to  teias  used  for  digital  systess  (ineluding 
svitehifig*  signalling,  synchronisation  and  transnission  syst^s)  ^diich  fors  part  of 
digital  networks  t 

lete  1  :  Studies  cm  this  Questiem  should  be  Iwsed  on  Rec^seadaticn  G.T^. 

lote  2  :  I^iporteur  for  this  Question  will  act  as  coordinator  for  the  stu  dy  of 

related  defin£ti;»>s  produced  in  other  Stiidy  Groups,  e.g.  Study  Groups  VII  and  XI . 

Mote  3  :  It  is  underareod  that  in  the  present  set  of  Questions  ths  term  "Digital 
Metiftarks"  inclines  both  the  HRI  and  tl»  ISDN.  - 

7/XVIlI  -  Encoding  of  speech  and  voice-band  signals  using  s^tnocs 
other  than  PCM,  in  accordance  with  Eect^^ndation  G.711 

(cantin‘.&tion  of  ^testion  10/XVIII,  studied  in  1977-1580} 


teisideriag  that 

a}  PCM  encoding  for  speech  is  widely  used  in  telec^susicaticn  nev.nir»s 

for  telepiosy  (A- law  and  y-iaw). 


are 


b)  progress  in  technology  is  likely  to  offer  other  coding  cethods  which 
of  a  technical  and  econcsaic  interest, 

c)  there  is  a  desire  to  make  efficient  use  of  transcassion  paths, 

d)  proliferation  of  standards  in  the  world  wide  digital  network  leads  to  the 
need  for  code  converters  and  to  operational  coaplications , 

e)  the  ION  and  ISON  studies  are  based  exclusively  on  6h  kbit/s  paths 
the  following  should  be  studied  : 

Should  any  other  encoding  Kthod  (e.g.  adaptive  differential  PCM,  delta 
s>dulation  or  sub-band  coding)  be  reeoiaaended  for  use  in  international  networks  ? 

If  so,  for  what  applications  are  they  suitable  and  what  are  the  relevant  trsnsisission 
perforaance  criteria  ?  Uhat  are  the  inter-working  probleas  with  systetis  using 
standard  PCH  encoding  ? 


In  the  frane  of  this  Question  the  following  probleas  should  be  considered  : 


1.  choice  of  encoding  aettods, 

2.  choice  of  a  bit  ;nte  for  encoding  of  speech  signals, 

3.  effect  of  digital  network  ia^sairc^nt  on  voice  and  voice-band  data  signals 
transaitt^  over  codecs  (ADPCM,  W  and  others), 

1».  voice-band  data  transnission  at  various  rates  in  channels  fomed  by 
ADPCM,  114  and  other  csethods, 

5.  transnission  perforsence  of  codecs  connected  in  tend^  (ADPCM,  CM  and  others) 

6.  ec^»tibility  with  digital  networks  based  on  ob  kbit/s  tine  slots, 

T.  cs^»tibility  with  digital  signals  encoded  by  other  methods,  for  exa^ie 
6b  kbit/s  PCM, 

-3.  the  perfonance  of  the  lower  rate  speech  coding  scb«ses  when  they  are 
connected  in  tandes  with  an  appropriate  digital  conversion  to  interface 
with  the  existing  n-law  and  A-law  6b  kbit/s  Rectaaendation  G.711, 

9.  quantification  of  the  i^sairsant  to  voice  and  in-baai  data  services  when 

the  digited  path  produced  es-rors  in  the  range  allowoi  by  Recccsandation  0.8-21 

10.  the  nethods  of  assessiant  used  in  the  evaluation  of  S|ieech  perforaance 
(consents  of  Study  -Group  XII  will  be  requested  on  this  natter), 

11,  usage  of  encoding  aethods  other  than  PCK  for  wideband  speech  signal 
transnission. 


nunber  of  code  words  used  to  eliainate  the 
r  to  facilitate  world  stacdarditatior.. 


the  effect  of  reducing  the 
all-tero  code  word  is  orde: 


I  mil-Ho.  l-E 


Assex  1 

{to  Questicn  l/XTHl) 


Reply  to  Questia 


r'XVIII  (Other  sathods  of  encoding  than 
study  period  19TT-1980 


iurine  the  l*St  stisd?  pe-t«“5 
rentiaX  enCKlir.p  sethei  *.-.i  of  ar.  encc 


pinicK  th«  it  ueuid  he  sirr  'y  ! 
d  in  Peptics  of  v-o  er.-r^in."  '“Cr- 
rd  the  A  te  u  costers  ICS  ar. ;  ■ 


thed« 


sole 


The  studying  beinc  carried  out 
s!:o»ed  that  probless  of  choice  cf  a  asff 
bit  rate  are  sost  iaportact  and  ursent. 

Hany  Adadnistratiens  endorsed 
to  hare  a  situation  uhieh  in  the  past  re 
lA  and  o)  end  sdiich.  subsequently,  ncces 

jjjjority  of  Adrjnistrations  agreed  that  uhen  using  dir.erer.t.ui 
of  eacodinc  the  encoding  bit  rate  should  be  ssfeialtipie  to  6-  kbit/s  ans 
3  seit/s.  The  preferable  enesdir,®  bit  rate  is  32  abit.s. 

During  the  oreceding  stu^  period  J973-I975  the  study  nain’.y  ^lateu  ;o 
adaptive  delta  aodulation-  The  present  stud?  P«rtod  ^  s^ 
adaptive  differential  ?0!  {AB*Oli  at  »  kbit/s  for  voice  ««1  voice-band  .a.a 

trsnsaissiM. 

Study  ennui  WUI  Ukms  aotm  of  tt»  iMulU  obtaiiMd  by  Stuly  Group  Ml 
for  m  oatluatu  of  •  rmJm  of  quMUsiaf  dlatortloo  aud  mmbor  of  i^rwm>t 
uBita  with  32  kbit/*  WPC"  procaM* 

nereover  the  ofdaico  vas  expressed  that  the  differential  cacoding 
traasadttinr.  wideband  voice  si^iais  without  .n.reasing  «* 

Ah  opiaioo  w«  aldo  expressed  that  -hen  chooai^  the 

laws  cf  enco^cg  the  ^leas  rnfr;du=;i;n  cf  this 

should  be  taken  into  ctasideraw,^  ai,^  w.  ^  t^-^’  *tte-ti<B>  vas  dra«s  to 
new  encoding  *thod  ^  integra^  netwo^-  Sfereover.  J*  atten.Kn.  -as 


necessity  of*  "tisc 

ssy  other  methods,  for  exasple  Si  kbi' 
with  Rec<ssendati«s  G.711- 

The  results  ohtaiaea  durm 
to  prepare  asy  draft  Seccsieiidat  i«s 
be  noted  that  tla  ^st  pressing  orob 
for  differential  encoding  seth^. 


c<nsi*ti' 


;v  with  digital  signals 


^suiting  fits  rCH  encoding  in  accordas 


present  study  period  gave 
ther  ^t^ds  cf  encoding  t; 
s  that  c-f  chocsing  32  kbit.- 


30  oboort 


wJ 


Cc^tritetios  trem  tbs  Msisistsvei^) 


1.  Istrt^b«;ti<a 

A  distisctics  sbmU.d  be  dress  betve^  tbe  two  types  sf  eqsi^est  ijrfveeted 
below  wfaes  ctasidering  as  eaeodise  otber  tian  ?QC,  s^^b  as  iH3f  diffsestial 

adaptive  encodias  at  32  kbit/s  iVOSSAi  : 

-  •  tersisal  sMcb  conrerts  t^  AF  si^al  directly  into  as  esac^sd  sigsal, 

at  32  kbSt/s,  and  vice  versa; 

-  tbe  e(^  ctaiTerter  idiicb  e«s^rts  tia  ^^oded  PCM  ■*  €«  U>it/s 

(A-laar  or  u-law}  into  a  si^al  eroded  at  a  lower  bit  rate*  e.g.  3e  kbit/s, 

and  vice  versa. 

’'&a«)ding**  is  tbe  i^eratia  effected  a  tessisal  **code  e^vetsigt** 
tbat  effected  bf  a  cote  cgmrter. 

A  giv«c  escodi&s  te^miqi^  will  therefore  have  tbe  prugKrty  of  sas-acctaal«igi 
of  i^wlxaeBts  in  snccessive  code  crawersions,  if  tte  following  oforaticass  : 

AF  '«  PCM  — *  KMSyi  — —  PCM - -  AF 

ai^  AF— PCM - ►K3EA  — PCM - *  PCSSA  -  ■  •  ^St - -  AF 

produce  tbe  see  inpaiiacst  regardless  of  tbe  mser  of  isteaediate 
WM - K3S1A - TCH  seqi^ces. 

Chis  ptoperty  relates  solely  to  successive  cote  eoaversicte. 

Itoagraidi  2  ste^  tbe  ^hrastage  of  this  prtnar^  tte  iatrt^sKtigs  of 
32  kbit/s  enc^isg  techniques  into  a  digital  etwors. 

fim  French  Adsisistration  tas  stxidied  a  differential  ^  kbit/s  rot  coding 
tecbnit|Mt  with  ad^ttive  quantizer  aid  fixed  predictor  which  pc^sesses  this  property 
(see  031!  XflH-te.  2b8,  stuiy  period  1077-1900}. 

To  i^g-ove  the  subjective  qaalitv  of  32  kbit/s  POM  ecoding  t«:bsiqas 
using  a  fixed  predictor,  Adninistratioas  (iiKluding  tbe  «ew:h}  teve  proposed 
the  use  of  K  kbit/s  adaptive  quantizer  and  Captive  predictor  differential  PCM 
eiKoding  tectaiiques.  The  French  ^isinistratios  wmsld  also  ^int  oat  to  other 
Adsinistrations  studying  such  encoding  techniques  that  it  t^uld  be  useful  if  these 
techniques  also  possess  the  property  of  :^c-acetcailstien  of  i»airssts  in  successive 
c^e  oonversiwis.  Studies  along  these  lines  are  »t  present  in  profess  in  Fsasce. 
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2.  Mon-accumxilation  of  impairments  in  successive  code  conversions 

The  purpose  of  this  paragraph  ia  to  consider  the  repercussions  of  the 
property  of  non>accuBulation  of  iapairaent  on  the  successive  code  conversions  which 
can  apprzor  in  a  digital  network. 

liSt  us  consider  a  digital  network  with  TDM  switching  sad  a  bit  rate  of 
&>  kblt/s,  and  the  ease  (Figure  1)  of  a  call  routing  following  several  .digital 
traneaisaion  paths  separated  by  TDM  ewitcbing  centres.  A  priori.  $f  we  use  a 
conventional  32  kbit/a  coding  in  transaission  and  we  put  a  oods  converter  at  each 
switehing/transaiasion  interface,  each  code  converter  will  introduce  its  own 
ixpainsent  and  the  total  iapairment  will  be  proportional  to  the  nuaber  of  circuits 
Involved. 


if.  on  the  other  hand,  the  32  kbit/s  coding  used  for  tranaaisslon  does  not 
accMulate  iani>airBenta  in'  successive  code  conversions,  the  total  iapairaent  will 
correspond  to  the  iapairaent  caused  by  a  32  kbit/s  coding/decoding  irrespective  of 
the  ttuaber  of  circuits  used  for  the  call. 

This  type  of  digital  routing  will  become  very  common  once  network 
digitisation  is  sufficiently  advanced,  hence  the  importance  of  impairment 
non-accumulation  in  successive  code  conversions. 


(22) 


. . .  *! . . . . . . . 


Figure  1  -  Examples  of  digital  calls 

-  Case  I  Example  of  6U  Xliil  'i  digital  call 

-  Case  II  Example  of  digital  call  using  a  32  kbit/s  section  :  the  impairment 

compared  with  Case  I  is  that  of  a  PCM  D  coding/decoding 

-  Case  III  Example  of  digital  call  using  two  32  kbit/s  sections 

The  impairment  is  the  same  as  in  Case  II  provided  that  the  32  kbit/s 
coding  has  the  property  of  non-accumulation  of  is^irment  in  the 
successive  code  conversions 

SCU  :  Subscriber  connection  unit 

LTDHC  :  Local  TDM  centre 

TDKTC  :  TDM  transit  centre 

PCM  PCM  D  Code  converter  PCM  PCM  D 

PCM  D  PCM  Code  converter  PCM  D  PCM 

Only  one  call  direction  is  shown 
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Annex  3 

(to  Question  l/Vyill) 


Quality  evaluation  of  codecs  at  32  kbit/s 
(contribution  by  Bell-Northern  Research) 


1.  latroiactlag 

lacMC  •xparlMBcal  work  on  aatf  AOKM  Codec  dootsao  eoaduetad  ac 
loUHtoctliara  ■••••ceii  ladieaco  thee  ebo  opaoeb  e<*olity  obcalaod  with  32  kblt/o  AOKM 
eoau  elooo  to  chat  obcaiood  with  8-htCylt«2S3  coapoadod  PCM  codoeo*  la  parclculMt 
eaa  eodae  daalpaa  aaca  avaluatad.  ona  aaploylog  a  tlxad  chird^ordar  pradletor  aad  oa 
adapetwa  oea  uaifota  daaaelMr.  haraafear  taCacrad  to  aa  Cha  'f32'  e^ae,  cha  aacaad 
aaploTiai  aa  adapclva  ehird-aedar  pcadictac  aad  cha  aaaa  daaaclaar  aa  kadara, 
haraaCcac  cadarrad  ta  aa  cha  'T32'  codae* 


2. 

(a)  loth  iOlOl  aadaea  aaat  cha  al^aoX-to-eocal  dlatattlaa  tacia  taapiata  of 
cent  laeoMaadatiaa  0*712f  Pitaxa  S  far  fcayaaiaa  balaw  1100  Is*  lav 
hl«har  (cadaaaeiaa,  cha  aifaal-ca^catal  diacarctaa  ratio  deaf#  rsflilp  far 
cha  *132*  codas*  hut  raaalsa  ahawa  30  dl  tar  tha  'f32** 

*a)  Tha  sabjaacira  apaach  profaraaeo  taaca  show  that  tha  taalitp  at  apaaoh 
craaaalctad  oaor  cha  't32'  eadae  la  eaaparabla  ta  chat  at  apaach 
traaaaltead  over  aa  •>klc*/«,a2SS  fCM  cedoc*  tha  taalltr  at  apaach 
uaaoalccad  arar  tha  '132'  eadae  la  allohclp  aarso  chaa  that  af  apaach 
craaaalttad  soar  as  ••ihlc  bac  haccae  chaa  that  awar  a  T-bit,  FCM 

codas* 

(c)  Voice-bond  data  transmission  at  data  rates  up  to  U8qo  bits  over  the  ’V32' 
codec  resulted  in  bit  error  ratios  of  less  than  10”®.  In  contract,  the 
'F32'  codec  shows  bit  error  ratios  of  more  than  10”^  at  the  tested  data 
rates  of  2U00  bits  and  U800  bits. 

(d)  Tha  case  raaalca  caaflraad  chac  al«Bal>ca>cscal  dlacartioa  racla  with 
apaach  sltoal  lapse  la  aoc  aaltabla  ca  aeesxatalp  aaaaaa  cha  fsallcy  of 
SDICM  aadaea*  Far  tha  oaaa  aidijacclTa  dsallCF.  tha  altaal-ta- total 
dlatattlaa  ratio  (apaach  topue  sloaal)  of  tha  taatad  dBfCM  eadaea  la 
BMarlcally  apprazlaacalF  •  dl  lawar  thaa  tha  eccraapaadlaf  alcaal'tweatsl 
dlacartioa  racla  of  PCM  cadaca* 

a  — ai**"-*  aapasatsd  aidaal-ca«coCal  dlatoreioa  racla  (apaach  input) 
tsaller  i^lcacar  sedallad  after  Sicharda  (11  wsa  also  taatad  aad  abowad  oa 
such  hloa.  Tha  taallty  ladicacor  Q  ia  daflaad  bare  aa 

0  *  20  lot  4 

idiara  lat  (l-*t*)  ■  ^  lot (l+Ji-lVi?i (*!-*!> *1 

aad  It  •  id  soaplaa  at  8  kis 

■  •  aa^^  of  •  aa  blocka  la  cha  alpnal 
a^  ■  aritlaal  apaach  soaplaa 
■  caeoastcuetad  apaach  aoaplaa 


(22' 
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3*  C— cliMte— 

A  siaila  32  tikle/a  AOKK  aneodae  appaars  co  provlda  a4a^ca  parfo; 
Car  raiea  traaaalaataa  avar  m  attar  Ctaa  ehannal. 

(a)  Vat  vaiaa  csaaMlaaiaa  aoly  AOrcit  with  fixad  ptadictlaa  (r32)  la 
aaCCieiaac* 


ca 


(a) 


(k)  It  kotk,  roica  ami  volea-baad  data  ai<aala  ara  to  ba  ttaaaBlCtad,  AOKM 
•1th  find  pradletln  (f32)  la  aac  adaaaaca  but  tha  ABtCM  with  adaptlva 
pradlffln  ff32}  aa^  ba  aulcabla. 


To 

laa 


^aallty  bactar  thaa  that  of  7-bltt  U*2SS 
It  tirtri  aNar  pradleclaa  la  ADfCM  eadaaa  la  tadlcatad. 


rat.  at 
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Annex  U 

{to  Question  7/XVIII) 

Speech  coding  at  32  Kbit/s 
( Extract  from  COM  XVIII-No.  l85  -  Italy) 


Introduction 


This  Annex  describes  a  digital  Differential  Pulse  Code  Modulation  with 
adaptive  quantization  (ADPCM)  developed  and  tested  in  Italy.  Its  performances  in 
terms  of  objective  as  well  as  subjective  measurements  are  shovn  and  compared  with 
a  6b  kbit/s  PCM  system. 


2.  ADPCM  730  :  A  fully  uj.gital  adaptive  differential  PCM 

Figure  1  shows  the  block  diagram  of  a  DPCM  with  ad^ttive  quantization. 

The  input  signal  digital  sauries  Sg  are  coaipared  with  the  sample  S  , 
being  the  prediction  filter  output;  this  difference  e^,  called  prediction  error, 
is  coded  and  transsiitted. 

Prediction  is  performed  by  using  Equation  (1)  ; 


-  0.5  r 

n  n  -  1  n  -  2 

r_  ■  d  ♦  S 
n  n  n 


(1) 


The  predictor  coefficients  were  computed  so  as  to  minimize  the  mean 
square  error  e®^.  A  filter  with  two  coefficients  only  was  chosen,  because  by 
increasing  the  number  of  coefficients  the  signal-to-prediction  error  ratio  does 
not  iaqirove  considerably. 
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The  adapter  modifies  the  bit  quantizer  step-size  on  the  basis  of  a  short- 
time  estimation  of  the  r.m.s.  of  signal  e^  to  be  transmitted.  In  order  to  avoid 
the  transmiesion  of  the  step-size,  it  is  confuted  both  at  the  transmitter  and  at 
the  receiver  using  samples  d^^,  i.e.  the  prediction  error  after  quantizing  and  inverse 
quantizing. 


Step-size  coBq;iutation  is  performed  by  using  the  following  equations  : 

On  -  c  Pn  (2) 

P  -  (1  -  2'^  P  ,  ♦  2"*'  d„  (3) 

n  n  -  1  n 

where  c  ■  0.5  and  k  >  2  were  chosen  to  maximize  the  signal-to-noise  ratio  measured 
by  coiqmter  simulations. 


3. 


ADPCM  730  :  Objective  and  subjective  performances 


The  signal-to-noise  ratio  is  computed  as  : 


S/H  =  10  Log 


<  s~n  > 

<  (Sj,  -  r'  > 


where  s  and  r'  eu:e  referred  to  in  Figure  1. 
n 

S/N  consists  of  the  two  following  terms  :  S/'E,  the  improvement  due  to 
prediction  and  E/N,  the  signal-to-noise  ratio  of  the  quantizer. 

In  the  case  of  the  predictor,  with  the  two  chosen  coefficients,  S/E  is 
slightly  higher  than  L  dB,  while  E/N  is  about  17  dB;  then  S/N  is  greater  than 
21  dB. 


Figure  2  shows  the  objective  performances  of  the  system  on  the  whole 
telephone  signals  range,  in  terms  of  S/N  ratios  of  a  6L  Kbit/s  and  of  a  32  kbit/s 
log  -  PCM  for  comparison  reasons. 

It  has  to  be  pointed  out  that  S/N  is  always  greater  than  20  dB.  In  fact. 

It  was  verified  that  if  S/N  exceeds  this  value,  for  multiplicative  noise  and  telephone 
speech  signals,  subjective  quality  is  quite  independent  from  the  came  3/N  value. 

In  ADPCM  730  the  noise  is  really  multiplicative,  as  shewn  in  Figure  3, 
owing  to  the  quantizer  step-size  adaptation.  In  fact,  the  noise  is  always  masked 
by  the  speech  signal  and  then  it  is  less  perceivable  than  an  additive  one. 

Moreover,  ADPCM  can  present  an  adaptive  quantizer  characteristic  saturation 
which  can  be  referred  to  as  slope-overload,  because  the  system  is  differential  and 
which  is  due  to  the  deconvolution  process.  An  example  is  shown  in  Figure  L,  where 
a  typical  speech  waveform  and  noise  are  plotted. 

This  kind  of  noise  does  not  present  a  great  infuer.ee  on  subjective 
osessments,  while  it  is  more  important,  for  the  overall  noise  objective  measurement, 
starting  from  the  given  definition. 

In  the  case  of  the  AEPCI-J  730  system  S/N,  evaluated  by  excluding  the  sa.r!cles 
presenting  slope-overload,  is  2  to  3  dB  greater  than  overall  S/N. 
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Subjecti%'e  tests  «ere  perforaed  by  the  categoricai  judgment  method  for 
oh  Kbit/s  log  -  PCM  channels  as  well  as  for  the  described  AJDPCM  system. 

The  tests  were  carried  out  during  a  conversation  between  two  operators 
who  gave  their  judgment. 

The  mean  opinion  was  obtained  from  20  people  assessments  and  every  one 
carried  out  two  tests  under  each  measurement  condition. 

Figure  5  shows  the  mean  opinion  score  versus  the  link  overall  reference 
equivalent  for  6U  kbit/s  log  -  PCM  and  32  kbit/s  ADPCM  channels.  It  can  be  seen 
that  the  mean  opinion  score  presents  only  a  small  difference  in  both  conditions. 


Tests  have  also  been  carried  out  on  the  tranaaisaion  of  data  signals,  telex 
and  OF.  sipialling  in  the  voice  bandwidth. 

For  telex  and  MF  signal ling,  no  impaitments  due  to  the  ASPCM  coding  process 
have  be^  observed. 

As  regards  data  signals,  no  quality  impairaenta  are  introduced  by  the 
erperirental  equipments  idien  the  data  bit  rate  ia  lover  or  equal  to  2b00  bit/s 
and  no  sere  than  two  A/D  -  D/A  conversions  in  tandem  are  included.  Data  transaiasion 
tests  at  kaoo  bit/a  were  not  completely  satisfactory.  Studiaa  are  being  carried 
out  for  assuring  a  good  transmission  quality  also  at  this  bit  rata. 

Zt  is  worth  noticing  that  in  tha  equipmants  devalopad,  an  algoritbm  ia 
provi4«d  in  order  to  prevent  the  propagation  of  errors  introduced  by  tha  channel. 
Therefore,  tha  quality  of  tha  digital  connection  in  terms  of  error  rate  ie  not 
is^Kized  by  the  ADPCM  coding  process. 

Listening  teste  showed  thet  quality  ie  not  coneidershly  influenced  by 
char.ir  1  error  probehilities  up  to  10*^. 
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Figure  2  -  S/N  performance  of  adaptive  DPCM 

and  log-Pra  versus  input  speech  level 
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Speech  vaveform  a)  and  nultinlicative  noise  b) 
due  to  the  adaptive  step-size  quantizer  encoding 
The  vayefom  b*  is  ~ultiplied  by  a  factor  iC  in 
o^parisen  -ith  a) 
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(to  Question  7/KVIIl) 


Use  of  differential  encoding  for  "wideband  speech"  in  the  I5EN 
{contribution  from  Federal  Republic  of  Germany ) 


Differential  encoding,  such  as  delta  modulation  or  ADPCM,  has  been 
taken  into  consideration  In  the  interest  of  reducing  the  bit  rate 
required  for  voice  transmission.  For  applications  of  this  kind,  the 
majority  of  Adalnlatrationa  agreed  that  the  encoding  bit  rate  should 
be  32  kbit/s  (see  Reply  to  Q.10/XVIII,  Study  Period  1977-1980). 

This  Contribution  is  Intended  to  draw  the  attention  of  S.e.  XVIII  to 
the  fact  that  differential  encoding  may  also  be  used  for  an  entirely 
different  purpose,  namely  for  providing  a  "wideband  speech"  service 
in  the  Integrated  Services  Digital  Network  (ISDN).  A  suitable  (and 
rather  simple,  hence  economically  attractive)  encoding  scheme  is  the 
well-known  Continuously  Variable  Slope  Delta  Modulation  (CVSD)  [  ^  J 
which,  tdien  used  at  64  kbit/s,  enables  speech  with  a  bandwidth  of 
about  6  to  7  kHz  to  be  encoded  with  good  quality.  This  could  be 
attraetivSt especially  in  connection  with  "loudspealiar  telephones". 

Cemparad  with  -the  encoding  of  wideband  speech  by  PCM  at  126  kblt/s* 
CVSD  has  the  advantsge  that  only  64  kbit/s  are  used  (no  multi-slot 
service  with  accompanying  problems  of  providing  "digit  saquenca 
integrity"  and  of  increased  blocking  probability). 

An  additional  advantage  may  be  seen  in  the  fact  that,  if  a  uniform 
encoding  schema  is  standardized,  no  code  conversion  in  international 
eonnactlons  is  required,  in  contrast  to  PCM  encoding. 


In  tbs  ISDN,  it  any  Airtbsr  be  attzaotive  to  ^ovida  a 
voiov/iMm-voioe  sarvioa  idMie  e.g.  AS  or  56  bbit/s  are  tasd  for  sian  ti 
snroding  and  e.g.  to  8  bblt/s  for  data  cr  othv  pafposoo. 


Reference 

C  \  3  Hosokawa,  S. ;  Tamashlta,  K.:  Companded  delta  modulation  coders 
of  the  1/2  power  and  2/3  power  types.  Rlectronies  and  Comu- 
nications  in  Japan,  Vol.5l-A  (1966),  No. 11,  pp.  18-26. 
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■K  natior.ai  as-a  interaaiicnai  nef-oras 


Eurure; 


b)  tha^  speech  inbsrpolacion  sys^e^s  say  adversely  affect  the  operation  of 

other  eeui^snt  stub  as  echo  cancellors,  autc-isatic  equaliser; 

decides  that  the  following  should  be  studied  : 

1.  vhat  should  be  the  characteristics  of  digitai  speech  interpolation  {'OSl) 
systess  ; 

2.  are  sKcial  precautions  necessary  for  the  coabined  usage  of  digital  speech 
iaterpolstion  devices  with  other  digital  processors  such  as  echo  coatrolloing  devices  ‘ 

Hose  :  Ketwork  imlieations  of  digital  speech  interjwlation  syste!^  are  to  be  studied 
under  Question  1/XYIII  and  the  perfors»r.ce  of  connections  over  digibai  speech 
interpolation  systems  under  Qi^stion 


QUESnOH  y/Tilll  -  General  network  performance  aspects  of  integrated  digital 
networks 

(continuation  of  part  of  Question  1/XVIIl,  studied  in  loT7“1980) 

This  Question  is  ccncemcd  with  studies  related  to  the  general  perfonsance 
of  an  ISO!;  capable  of  satisfying  the  requi reseats  of  aany  different  services. 

Account  will  be  taker,  vi  the  performance  requireaents  being  established  by 
other  study  groups  in  CCllT  and  CCIB  fer  teletdiony  and  other  services.  Study  Group  3CVII1 
will  keep  these  Stsaiv  Croups  XI,  VII,  T'  and  C??  informed  of  the  likely  perforrence  o 
c(»=on  digital  building  blocks. 

tn  studyinc  this  Question  reference  should  be  sade  to 
irnft  SecomKeadatica  G.lCe  which  relates  to  transaission  perfomance  objectives 

Point  A.  Transajssi-an  oerfortanee  of  digital  networks 
Considering 

a)  that  sea:*  parameters  for  the  transmission  perforaaace  for  the  ISH  for 

telephony  have  already  been  established, 

b/  that  farther  types  of  impairments  need  to  be  taken  into  account, 

c)  that  certain  isjwiirmer.t  causes  are  interdependent, 

d!  that  design  objectives  are  urgently  required  'or  circuits  ana  systems, 

'■“nat  are  the  network  transmission  performance  and  equi|m;er.t  design  objectives 
necessary  for  the  IDS,  t.he  ISD"  and  the  apprepriate  evol-aticr.  towards  the  ISSS  : 
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Ttm  points  -listed  below  require  particular  attention  in  the  studies,  whereby 
account  shoiad  be  taken  of  all  likely  aedia  that  ai^.t  be  utilized.  These  include 
radio  relay,  satellite,  setallic  and  optical  fibre  cables.  Close  collaboratio.T  will 
be  required  with  other  CCITT  and  CCIH  study  groups. 

1.  What  aaendaents  or  additions  are  necessary  to  the  network  perforaance 
objectives  for  errors  and  slips  as  recoscended  in  Rectatendations  C.821  and  G.822 
respectively  ?  {See  Annexes  1,  2  and  3  and  Question  3/XVlIl) 

2.  Which  additional  types  of  i^iairaents  ana  characteristics  should  be  studied, 
and  what  recosaenwations  should  be  Bade  in  teros  of  network  transnission  perforsance 
objectives  (e.g..  jitter,  wander,  short  interruptions  and  transaission  delay)  ? 

(See  Annex  *) 

Articular  attention  should  be  given  to  the  interdependence  of  certain 
performance  objectives- 

5,  Are  the  hypothetical  reference  connections  reco^ended  in  G.lOb  suitable  for 

the  stirfy  of  network  transmission  I'crfoimance  objectives  1  What  amendments  or 
additiems  are  necessary  ? 

Sote  :  They  stejuld  be  brought  in  line  with  ReccH»endation  G.103- 
RMamendatiai  X.92  for  data  networks  should  he  considered. 

Htw  s^nild  the  overall  network  transaissicn  performance  objectives  be 
apporticated  to  the  individual  co^nwent  parts  making  up  the  connecticnr  ? 

5.  What  approach  should  be  adopted  in  converting  transmission  performance 

objectives  for  individual  itees  into  equipment  design  objectives  and  comissioning 

objectives  ?  (See  Annexes  5,  6  and  T). 


6,  Are  tl»  hypothetical  reference  digital  paths  defined  in  G.721  a  suitable  tool 

for  defining  the  traasmissi®!  performance  of  network  component  parts  and  the  systess 
desi^  objectives  7  What  amendments  are  required  7  What  additional  HHDPs  should 
be  lecomended  7 


V  What  is  the  i^met  of  digital  signal  processing  devices  (e.g.  digital  }mds, 

^jg-troUers.  encoding  law  converters,  digital  speech  interpolation  devices,  etc. 
on  network  transaission  performance,  and  what  is  their  det>«dence  on  netuo« 
transmission  performance  and  traffic  conditions  ?  '--hat  guidelines  s-oula  be 
established  for  their  use  7  (See  Annex  8) 


In  c®ssiderins  the  introduction  of  digital  pads  and  other  ^.igital  process^, 
particsilar  referenee  should  be  tade  to  Recomendation  G.121  as  amended  at  Geneva  iybO 
^  See^^ndation  C.lbH  as  amended  at  Geneva  1980. 


Hotel 


wo- e  i  .  Study  Grouts  XVI  are  studying  the  network  planning  rules  concerning  tne  ^  ^ 
tSSSssion  perfoiiance  effects  of  seme  of  the  above-mentioned  devices,  which  --ai 
used  in  mixed  analogue/digital  networks.  Account  should  be  ta.ve!.  of  these  studies - 


Hote  a  :  SOTpii 


eaeat  Ho.  21  (Canada  :  5HR)  gives  values  for  qua-ntiting 


dist 


for  varicMS  digital  processing  devices. 


H.  WTsat  transsission  performance  imrMeters  should  be  defined  to  ensure 

^rppriate  evolution  towards  the  ISDH  and  what  values  should  be  recocm^nded  for 
each  parameter  7 


ConsiderinR 

a)  that  equipeent  can  be  designed  to  i&easurable  perforaance  standards, 

b)  that  networks  can  be  inqileaented  tc  controllable  perforsance  standards, 

c)  that  there  is  an  optinUA  balance  between  cost,  tecbnolo^,  and  the  needs  and 
expectations  of  custoaers, 

d)  that  soaK  paraaeters  for  the  quality  of  service  for  the  IDH  for  telephony 
have  already  been  established, 

1.  What  are  the  call  processing  perfoisanee  and  design  objectives  for  the  IDg, 
the  ISDN,  and  the  appropriate  evolution  towards  the  ISDN  ? 

In  particular,  perfcrmance  paraaeters  and  their  values  should  be  defined  on 
an  overall  basis  (customer  to  customer)  and  values  apportioned  as  appropriate  to  nodes 
and  links  in  the  network,  such  as  call  set-vq>  delays ,  call  failures  caused  by 
congestion,  call  failures  caused  by  equipment  malfunction  and  loss  of  service 
(availability). 

2.  What  methods  should  be  used  tc  measure  the  call  processing  performance  ? 

3.  Which  hypothetical  reference  models  should  be  used  for  call  processing 
performance  determination  ? 

Hote  ;  The  study  of  this  Question  will  take  account  of  consideration  by  CCIR 
Study  Group  k  (see  Contribution  COM  XVlll-Ho.  6). 


Annex  1 

(to  Question  9/XVIIl) 

&wiaiderati<x>a  on  the  relationship  between  moai  bit 
error  ratio,  averaging  periods,  percentage  of  time 
and  percent  error  free  aectmds 

(Cmtribution  by  Bell>Nortbem  Reaeareb) 

TTrrrmmrnilaTinn  G.821  specifies  an  averaging  period  of  to  *  1  minute  to 
determine  mean  bit  error  ratio  (BER).  Simultaneously,  error  performance  is  also 
specified  in  term  of  %  error  free  seconds  (EPS).  Both  performance  objectives  are 
given  for  a  digital  ccumectim  at  6U  kbit/s. 

This  Annex  offers  additional  considerations  regarding  the  relationship 
betwera  Mean  Ber's  with  variouSgaveraging  periods,  percentage  of  time  that  the 
Mean  Ber  is  better  than  1  x  10*^  and  %  EPS.  Ibe  calculations  are  made  on  the  basis 
of  an  assumed  Bisson  distrilnttion  i  "  bit  errors  on  a  6b  kbic/s  digital  connection. 


CCM 
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The  relationship  between  the  long  tern  Mean  BER  and  X  EFS  can 
be  shown  to  be 


X  EFS  -  lOOe"®^ 


where 

e  ■  base  of  natural  logarlthn 
B  >  Bit  rate  In  bIts/s 

E  •  Long  Tern  Mean  Error  Probability  (n  x  10“*),  equivalent 
to  a  long  tera  Mean  BER  of  n  x  lO*:* 

This  ivlatlonship  Is  shown  In  Figure  1.  Long  tera  Mean  Error  Probability 
In  this  context  laplles  Bit  Errors  averaged  over  a  sufficiently  long  period 
to  yield  a  constant  BER. 

Becossendation  G.B21  specifies  in  Table  1  a  threshold  hetveer.  accer-tarle  and 
degraded  perferssance  of  a  Mean  Her  »  1  x  io  ”  averaged  over  To  ■  1  minute.  In  order  to 
meet  this  criterion  on  a  6L  kbit/s  digital  connection  3  or  less  errors  must  be 
counted.  For  randosily  (Poisson)  distributed  errors  the  probability  ?  of  this 
occuring  is 


f{n  <  3)  • 


^160  BE) 


where  n  •  niaber  of  errors. 

This  relationship  is  shewn  as  curve  1  In  Figure  2. 

FfoB  this  carve  the  fallowing  can  be  dsBueed: 

a)  If  for  exawple  93X  of  one  winuto  periods  has  to  woot  ttto 
1  Itf*  UNA  BER.  a  long  torsi  Mosn  BER  of  bottor  than 

4  X  would  bo  rsquirod. 

b)  A  long  tons  Moan  BER  of  1  «  10*  would  yl^d  only  4CS  of 

tho  ont  elnuto  periods  noting  the  1  kr  Id*  Mssn  lER  erlterloo. 

If  the  wMsurnent  period  To  Is  estennd  to  5  wlmites  at  64  kbit/s. 

19  or  insjtofistltiites  tfio  acceptsblo  error  aumt.  equlvalnt  to  a  Mean  BER 
of  1  JT  Td*.  Vm  probability  of  this  occurring  Is  shown  as  curv#  2  in  Fl^ire  Z. 
Again.  If  93S  Of  fivt  i^to  periods  had  to  net  this  cfitofion  a  long  tera 
MOsn  KR  of  <  2.2  A  Id*  would  be  required. 

Siwllarly.  for  a  nisument  period  To  of  1h.  the  equivalent  values 
are  230  or  loss  wvor  counts  and  a  long  ter»  Mean  BER  of  <  9  x  10^.  to  givo 
93S  of  1h  potion  noting  tho  1  x  Id*  Mnn  BER  ciiterion.  This  is  shwn 
as  curve  3  in  Figure  2. 

Cums  1.  2  and  3  of  Figure  2  cai  be  used  to  relate  tho  peremta^ 
of  tin  Ti  and  various  averaging  periods  To  with  a  Maan  BER  of  1  x  10*  to 
the  long  urn  Mean  BER.  By  using  Figure  1,  the  long  torn  Nun  BER  can  then 
be  tnnslaud  Into  %  EFS. 


-  7f,  - 

COM  XVIII-So.  1-E 


Annex  2 

(to  Question  9/XVlll) 

An  approach  to  the  formulation  of  error  performance 
(Contribution  by  the  Federal  Republic  of  Germany) 

The  error  performance  requirements  outlined  in  the  following  are  based  on  the 
i-iea  that  data  users  he.ve  a  legitimate  interest  to  transmit  a  large  percentage  of 
.i».ta  blocks  without  bit  errors.  However  with  61)000  bit/s  (or  1)8000  bit/s  -  the 
..'■ghest  data  rate  specified  in  Recommendation  X.l)  these  blocks  wi3-l  in  general  not 
have  a  duration  of  1  second.  In  other  words.,  the  request  to  have  95  S  error-free  data 
blocks  (EFB)  is  entirely  appropriage  whereas  the  request  to  have  95  %  error-free 
seconds  appears  to  be  too  stringent. 

It  may  be  useful  to  consider  requirements  graded  in  accordance  with  the 
length  of  data  blocks  (or  more  generally,  of  intervals  of  certain  numbers  of  bits). 

About  five  interval  lengths,  for  instance  from  200  to  20000  bits,  might  be  suitable 
to  cover  the  actual  conditions  of  remote  data  processing. 

Assuming  Neyman's  "Type  A  contagious  distribution",  which  describes 
clustered  distributions,  symbols  n  =  number  of  bits  in  the  chosen  interval, 
p  ■  long-term  mean  error  ratio,  m^  ■  cluster  -  bit  ratio  (i.e.  relative  frequency 
of  error  events  per  stated  saii5>le  size  of  transmitted  bits),  and  m,  =  mean  number  of 
errors  per  cluster,  with  m^^mg  *  np,  one  obtains  the  probability  of  an  interval 
containing  no  errors  as 

p  a  exp  l~~  ^  (l-e““2)  7 
o  -  m_ 

•  5.10  6  (which  leads  to  >  90  J  of  minutes  with  a  bit  error 
36  errors  per  minute),  and  =  2,  i.e.  a  conservative 

*  99.95  %  for  2C)0-bit  intervals 
p^  »  95.76  %  for  20000-bit  intervals. 

Based  on  the  above  reasoning,  it  is  proposed  to  consider,  as  an  altpmative 
to  the  concept  of  "error  free  seconds",  the  approach  of  a  graded  system  of  requirements 
baaed  on  a  set  of  different  block  (or  interval)  lengths.  Using  this  approach,  it 
should  be  possible  to  reconcile  the  requirements  of  data  transmission  with  a  mean 
bit  error  ratio  of  5.10  ^  (as  sufficient  for  telephony). 

Furthermoire ,  the  actual  distribution  of  bit  errors  (probably  characterized 
by  error  bursts,  or  clusters)  should  be  studied  before  finalizing  Recommendation  G.821. 
Since  a  large  percentage  of  the  errors  will  be  allocated  to  the  subscriber  lines, 
results  of  error  measurements  on  such  lines  are  itfgently  needed. 


and  specifically,  with  p 
ratio  of  <  10  5,  i.e,  < 
value 
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Annex  3 

(to  Question  9/XVIll)  ^ 

At  the  instigation  of  Study  Gro»^  VII,  the  concept  of  error-free  seconds 
has  been  used  in  the  preparation  of  Recommendation  G.821.  It  was  pointed  out 
hy  one  Administration  that  future  studies  in  Study  Group  VII  may  show  that  this  is 
not  the  most  appropriate  method  of  defining  the  performance  requirements  for  data 
and  other  non-roice  services. 


Annex  U 

(to  Question  9/XVIII) 


Jitter  accumulation  on  digital  paths  and  .jitter  performance 
of  the  components  of  digital  paths 

(Contribution  from  Federal  Republic  of  Germany) 


Summary 

In  the  present  contribution  two  models  of  digital  paths  are  considered. 
Starting  from  the  Jitter  characteristics  of  the  components  of  a  digital 
path,  the  Jitter  accumulation  along  a  path  is  described  with  the  aid 
of  these  models. 

It  is  shown  that  for  unrestricted  interconnection  at  international 
interconnection  points  Jitter  characteristics  are  required  which 
are  not  necessary  in  national  networks. 

1.  Digital  path  models  for  .jitter  studies 

Studies  which  started  from  the  preliminary  considerations  of  the 
contribution  C(M  XVlIl-No.  69  resulted  in  two  models  of  digital  paths 
which  are  particularly  suitable  for  the  treatment  of  the  pending 
Jitter  problems  and  applicable  to  all  hierarchical  bit  rates. 

1.1.  Digital  path  model  a) 

One  of  the  path  models  -  model  a)  of  Pig.  1  -  is  a  tandem  connection  of 
line  path  and  muldex  sections  which  alternate  systematically. 


source  line  path  muldex 
I  I  sect.  I 


sink 


■•0-rC^ 


Model  a) 


source]  line  path  | 

m  I  i 

1>-  — - ■£>■ 


sink 


-C> - 0 — T 


1 

Model  b) 


Figure  1  -  Digital-path  models  for  jitter  stuc’ies 
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The  fact  that  the  coraponents  of  digital  paths  can  be  divided  into  two 
groups  with  basically  different  Jitter  behaviour  has  a  favourable 

contequence : 

*•  PCM  multiplexers,  digital  multiplexers,  digital  demultiplexers,  and 
digital  exchanges  tolerating  relatively  high  input  Jitter, but  causing 
low  output  Jitter; 

-  line  paths  (l.e.  line  paths  on  cables  or  other  media)  tolerating 
low  input  Jitter,  generating  inherent  Jitter  and,  therefore,  producing 
relatively  high  output  Jitter. 

Model  a)  is  sufficient  for  the  description  of  the  conditions  in  a  future 
digital  network  of  the  Deutsche  Bundespost.  The  same  is  also  expected  for 
nany  other  national  networks. 

1.2.  Digital  path  model  b) 

At  international  interconnection  points.  It  should  be  possible  to  inter¬ 
connect  without  restrictions  sections  of  the  same  hierarchical  bit  rate  via 
the  intemationjdly  specified  Interfaces.  This  means,  a  direct  interconnec¬ 
tion  of  line  paths  with  respect  to  Jitter  must  be  possible  as  worst  case. 
Therefore  model  b)  of  Fig.  1,  where  the  digital  path  is  exclusively  built 
of  line  paths,  represents  -  in  addition  to  model  a)  -  an  adequate  model 
for  international  interconnection  in  Jitter  studies. 

2.  Jitter  accumulation  on  a  digital  path 

With  given  output  Jitter  in  the  absence  of  input  Jitter  and  given  Jitter 
transfer  function,  the  shape  of  Jitter  along  a  digital  path  can  be  de¬ 
termined. 

The  lower  limit  of  the  maximum  tolerable  sinusoidal  input  Jitter  of  a 
path  must  be  situated  with  a  clearance  above  the  largest  expected  output 
Jitter  of  the  preceding  line  path. 

In  the  following,  the  Jitter  increase  along  the  path  is  represented  for 
the  path  models  as  per  1 .  The  response  has  been  determined  by  calculation 
and  by  measurements.  The  results  are  illustrated  in  general  form,  inde¬ 
pendent  of  the  bit  rate. 

2.1.  Model  a) 

In  Fig.  2,  the  output  jitter  of  a  muldex  section  and  of  a  line  path  from 
model  a)  is  represented  without  input  Jitter.  Fig.  3  represents  the 
associated  Jitter-transfer  functions. 


(22) 


line  path 


muldex 


frequency  — ►  frequency 

Figure  3  -  Jitter-transfer  function  of  a  line  path  and  a  muldex  section 

Figure  U  shows  the  amplitude  of  phase  jitter  along  a  path  in  accordance 
with  model  a) 
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Source:  Pseudo-random  pattern 

Output  jitter:  Measured  via  high-pass  filter  with  variable  cut-off 
frequency  f 

Input  jitter  according  to  Rec.  C.  703 
(shown  for  comparison) 

Output  jitter  of  the  source 

Output  Jitter  of  the  first  line  path,  corresponding  to 
the  output  jitter  of  a  line  path  without  input  jitter 

Reduction  of  the  input  jitter  due  to  the  first  muldex 
section 

Output  jitter  of  the  second  line  path.  (Due  to  jitter 
accumulation  below  cut  off  frequency  fci  the  values  are 
slightly  higher  than  the  ones  obtained  for  line  path 
without  input  jitter 

Reduction  of  input  jitter  due  to  the  second  muldex 
section 

Output  jitter  of  the  third  line  path 

In  the  case  of  paths  with  more  sections  than  in  model  a),  the  jitter 
values  would  increase,  although  slightly. 

2,2.  Model^b) 

In  model  b)  three  line  paths  are  connected  in  tandem.  Pig.  5  shows  that, 
for  the  same  line  path  as  in  model  a),  the  output  jitter  amplitude  will 
rise  as  in  Fig.  A.  It  can  be  seen  that  the  output  jitter  amplitude  of 
the  last  line  path  in  transmitting  direction  increases  permanently  with 
the  axasber  df  line  paths  ahead. 


© 


»U£*  © 


Q 

! 


t‘ 
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Input  jitter  according  to  Rec.  G.703  (shovm  for  ccunparison) 

Output  jitter  of  the  source 

Output  jitter  of  the  first  line  path  (identical  @  in  Fig.  4) 

Output  jitter  of  the  second  line  path 

Output  jitter  of  the  third  line  path 

In  order  to  control  jitter  .accumulation  over  the  entire  path  according 
to  model  b),  jitter  reducing  means  are  necessary  within  the  second  and 
within  all  following  sections  of  the  path.  The  reducing  means  can  be 
considered  a  replacement  for  the  jitter  reducing  effect  of  the  de¬ 
multiplexer  in  model  a).  Consequently,  tho  jitter-transfer  function 
(Pig.  6)  describes  the  muldex  -  line  path.  -  cascade.  It  is  the  product 
of  the  jitter  transfer  fiinction  of  the  components  muldex  and  line  path 
(Fig.  3)  from  model  a). 


B 

© 

© 

© 

© 


Figure  6  -  Jitter  transfer  function  of  a  line  path  in  model  b) 


Additional  means  for  jitter  reduction  are  not  necessary  if  the  output 
jitter  of  a  line  path  without  input  jitter  is  already  substantially  below 
the  maximum  tolerable  value. 

The  necessity  of  specifying  the  jitter  transfer  function  of  a  line  path 
is  the  consequence  of  unrestricted  interconnection  at  international 
Interconnection  points. 

Fig.  7  shows  the  shape  of  the  jitter  amplitude  along  a  path  according 
to  model  b). 


fi  trequency  f 


i  " — I 


f 


c 


Figure  7  -  Output  jitter  in  model  b) 


Source ; 

Output  Jitter; 


0 
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Pseudo-random  pattern 

Measured  via  high  pass  filter  with  variable  cut-off 
frequency  f 

Input  Jitter  according  to  Rec.  G.703  (shown  for 
comparison) 

Output  Jitter  of  the  source 


(D 

(D 


Output  Jitter  of  the  first  line  path  (identical  (2)  in 
Fig.  4) 

Output  Jitter  of  the  second  line  path 


© 


Output  Jitter  of  the  third  line  path. 


In  paths  with  more  than  three  line  paths,  the  Jitter  amplitude  increases 
at  the  end  of  the  path  but  slightly  because  of  the  Jitter-reducing  effect 
of  the  maximum  tolerable  Jitter  transfer  function  of  the  line  path. 


3*.  Jitter  specifications 

It  has  been  shown  in  chapter  2  that  the  components  of  a  digital  path  are 
completely  characterized  by 

—  tolerable  sinusoidal  input  Jitter 

(more  exactly;  lower  limit  of  maximum  tolerable  input  Jitter) 


. PM . I . .  . !RP|| 
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-  maximum  output  Jitter  in  the  absence  of  input  Jitter,  measured  as  peak- 
to-peak  value  with  a  high-pass  filter 

-  Jitter  transfer  function,  measured  as  Jitter  gain  with  sinusoidal  input 
Jitter. 

■'n  Fig.  2  to  7  the  boundaries  for  Jitter  behaviour  (dash  dotted  lines) 
a. e  drawn  in  accordance  with  calculations  and  measurements  of  tolerable 
Jitter  responses. 


Annex 
(to  Question 


State  of  CCrrr  studiea  regarding  eouipnent  design  objeetiveB.  in  respect  to 
error  performaaee.  for  digital  transmiaaion  systene  on  cables 


Introduction 


ItralBVkt  daalB  objaotlvM  for  Aifital  traaBiasion  979im»  b  edblaa  (balanoai 
9alr,  ooMlal  yair  bA  optleal  flbra)  ara  apaoiflad  la  lao  0.911*^1d  aad  a,92l-922| 
aloiMialAa  aakttark  parfoiMiaa  ebjaotlYM  for  Alfital  liao  aaotleaa  at  tba 
aorrMfoailB  bit  rataa* 


OOXR  atadioa  bava  aet  jat  advaeoad  to  tba  atac*  that  tba  olBaaa  of  tboaa 
raaBaaadaklBa  ablob  ara  to  ralata  to  arror  parfoBaaaa  aB  ba  eoaplatad. 


fba  pvpoaa  of  tbia  aaaB  la  to  proawt  tba  onrrBt  atataa  of  tboaa  atudiaa  ao  aa 
to  iravlAa  Aaol«aars  of  oablo  Aifital  traaBiaaiaa  ogr^B*  «ltb  iatarla  foldoMo 
tba  OBplotlB,  la  rMfost  of  arror  parfonuBOO,  if  tba  aBtloavA 


relationshir  to  r.etvork  nerforr.ance  ob.^ectives 


tba  aataozb  arror  parfoxaaaoa  objaotivat  for  tOe  integrated  oarvloaB  digital 
nataoib  (OV)  ara  atatad  la  lao.  a. 6^1  (frror  parforaaBaa  of  m  Intaraationa} 
digital  oBBaotlee  fOBliV  ■»  latagratad  aarrlaaa  digital  aataork).  Tboaa 

objaatlvaa  t^a  aeooaat  of  all  arrorot  boHaaar  eauad,  liable  to  oooar  la  a  digital 
aataort.  SptljaBt  daai^  objaetivaa  for  digital  traoBllllfa  bava  to  ba 
aBpatlbla  «ltb  tba  aataarfc  obiaotlTaa  of  lao.  G.821 

loat  arrora  la  a  digital  aataork  ara  attrlbatabla  to  latarfarlag  Inflaaaoaa  aaob  aa 
llgbtalag  atrikaa,  laduatloa  froa  alaotrlelty  aupplj-  or  traatloa  aystaaa  or  parallal 
trBBlaaloa  g;ratBa,  aBBada  diaturbanoaa,  ato.  Igaiptaat  daalgn  obiaotlvaa 
for  digital  traaBlaaloe  ar*tBO  abould  aaaura  a  dagraa  of  prorioloa  la  tba  apatB 
daalga  to  ainlalsa  the  affoota  of  auob  IntarforoBoaa.  Tbia  la  a  aulijoat  of  atadr 
wlthla  aaw  Q*  ^2/Xt,  Until  auob  tlaa  aa  tba  laportaat  arror-oaaalag  latarfarlag 
faotora  ob  be  takaa  into  aooooat  in  tba  daflnltloa  of  tba  anwlroBantal  ooaditlona 


iliiliil 
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Torming  part  of  tba  aqaipaaiit  design  objectives  «7stai  dsoignars  noed  to  allow 
gsnarous  sargias  ia  raapaot  of  ttaaa.  This  is  dona  within  both  of  the  design 
mproatdiaa  dasoribad  hwaafter. 


lowsvar,  it  should  be  obsarvad  that  radio  ral«jr  STateu  and  aatallita  afsteaa  will 
be  anbjaot  to  diffwont  error  diaraotariatioa  than  those  inonrrad  bgr  estallio  oabla 
^ratMs. 

3  Available  equipment  design  objective  approaches 


Two  dlstlaot  wpr^e^dios  to  the  arror  parfcxmanoa  aapeota  of  digital  tranmiasion 
ejrstaa  daaiga  have  baaa  id«itifiadt<- 

t 

-  fha  arror  parfomanoa  of  a  Mfpothatioal  rafwawa  digital  path  of 
dafiaad  lagth  and  oanstiitition  la  spaoifisdi  this  aarvaa  as  a  guide 
to  the  dastga  of  all  aqai^awt  it«M  iaralval  ia  tha  hippothaiioal 
rafaraiios  digital  path*  This  approaoh  is  »alofoua  with  that  adopted  for 
spaoityiag  ths  noise  porfoxMBoa  of  analogaa  traasadLsaioB  gpstaaa. 


-  Tha  gnali'^  of  rspeatara  ttsad  in  a  traniisaica  sjra^i 
aaasta>ad  ia  taSM  of  "rapaatar  aargia"* 


is  apaoifisd  aad 


loth  appro aohaa  iafolva  ths  dsfiaitioa  of  aarirotaaital  oaadltiona.  la  sithar  oasa 
it  is  iapraatioahlsi  for  tha  prasaatt  to  iaolada  tha  oniroaBaatal  faotore 
ooBSidaPad  ia  2  above. 


dlthoagh  based  on  diffaraat  pblloaophiaa  it  is  not  to  ha  asaaaod  that  either 
spproaoh  naoasaarily  osoladoa  tha  other.  Tha  ftaal  oiteaaa  of  PCIST  stadiaa  aap 
wall  be  olaosaa  on  error  psrfoxaaaoa  aqiaipsaBt  daalgn  objaotivaa  ia  which  tha 
two  approaohas  oaiplaiiaat  aaoh  other. 

Tha  two  approaohsa  are  ooasidarod  saparataljr  aad  ia  detail  la  Sootions  4  and  5 
raapaetivalp. 

4  Definition  of  error  perforr.ar.ee  ecuipnent  desipr.  ob.~ecrive , 

specified  in  relation  to  a  hypothetical  reference  ii pital  rath 

4.1  lao.  g.821  agpraeaea  tha  overall  objaotlva  for  tho  arror  parfomanoo  of  tho 
digital  aatworki  ia  a  25000  ha  hgrpothatloal  rrntmmf  digital  path  of  64  fcbit/a 

ia  taraa  of  tha  pvaaatagaa  oft 


•  «ror  free 


(datta  raqairaeat) 


••  aiaataa  hariag  a  bit  error  ratio  batter  thaa  a 
thraahold  valaa  (the  talaphoqr  raqairaaoBt). 

Claarl7t  aqaipaeat  daaiga  objaotivae  for  digital  liaa  ajrwteaa  have  to  be 
aoeeiataat  with  thaaa  overall  aotwork  objeotivaaf  two  iaportwt  adaptatioaa 
wa  aoaaiderad  aaaaaaary. 


Mratljt  tba  aqwlpBaBt  daaign  objaotlva  for  digital  Xiao  apsteaa  ia  bast 
azpraasod  aa  a  "loaf  tata  aaaa  bit  arror  ratio",  dpot«  daoignara  iavarlablj 
atart  with  aa  objaotlva  for  this,  Tbap  thao  daaiga  raginorators  ato  tahiiqt 
aeooaat  of  ths  kaowa  iapaiiaenta  such  aa  tha  diainiahiag  of  ava  opnii^, 
aalsa,  ereaatalhf  level  Isaoouraoiaa  ato. 


3«ooniily,  thare  nii«U  to  be  *  mirgin  for  the  error*  dne  to  unknoira  h»vdm 
outaid*  the  control  of  the  deaigner,  •§  unquantifiabl*  int*rf«-eno#*  trxm 
extemAl  eouroe*.  *0  that  the  overall  r#*ult  1*  aooeptabl*. 

4.2  Annex  6  to  S.  f/V'  ZZZ  (.Vtrifr?"  versior  c:  I.,  ror.vrir.’.*.  -  . 

lo  369)  euggest*  that  network  objective*  expra**ed  a*  in  .-tc-rr-en-c.-::-" 
with  aooeptabl*  aoaitracr,  be  altemativelj  expra***d  In  varloua  owbinationa 
ofi— 

-  a  lone  t*x«  Man  bit  error  ratio 

-  a  olnatarlnc  index  (i*  acao  error*  per  oluater). 

It  eea*  not  poaaible,  a*  yet,  to  aake  a  firm  jndffMent  aa  to  the  de^e*  of 
olnataring  whioh  will  be  exhibited  hr  digital  network*.  At  the  ■«*  tlae, 
aavaral  oontrihntion*  have  indioated  that  it  i*  aaf*  to  aaaiaa,  for 
natworics  baaed  on  oahla  eyatM*,  at  leaat  a  aodeat  level  of  eluatering. 

POT  a  loi«  teia  aen  error  ratio  of  5.1(ro  the  peroeetag*  of  error  free 
aeooBda  can  be  expaoted  to  ezoeed  9(1^  for  value*  of  oluataring  indax 
greater  than  3  and  the  paroentage  of  ainntae  of  error  ratio  better  than 
lQr3e  to  axoeed  901  for  value*  of  oluataring  index  lea*  than  10. 

A  long  tei*  naan  error  ratio  of  5*^0"^  would  aaan  to  be  a  raa* unable 
aaaoiption  for  the  error*,  over  25000  ka,  to  iddloh  ehttljaant 

daaign  objeotivea  aight  be  related,  fhi*  value  ia  not  aaoeaaarily 
appropriad*  for  digital  gyetaM  other  than  thoa*  ««laf  oakl*. 

4.3  A  good  proportion  of  the  arrora  in  a  25OOO  loi  64  blt/a  oomaotion 
will  be  the  reaulta  of  axt«val  interfering  faotors,  proteotion  againat 
whioh  ia  beat  provided  hf  wooh  seaaurea  aa  aereeaing  of  the  oabl*  and 
repeaters,  high  low-<r*haaoay  oat  off  in  the  repeater  aiplifier,  eto. 

It  ia  a  aatt«>  for  future  atudy  to  oatabllah,  wlthia  tha  aeope  of  the 
equipnant  daolga  oblootivoe,  appropriate  atandarda  for  Hah  Hpeata  of 
digital  tnaHiMlH  gratH  dHign. 

P*Mi«  tho  HtOH*  of  each  atudlM,  it  ia  aaggaatad  to  allw  fc*  asternal 
intarfHanoM  by  aiiriT  of  a  gHoroua  aargin  batwoH  tho  dHign  objeotlv* 
apeoifiad  for  the  error  parfoiaHo*  of  a  bypothetloal  refarHoa  digital 
path,  ftaotioBiag  ia  m  laterfarHoe-fTM  HvUwaaat,  and  the  propsrtional 
allooadiH  to  that  path  of  the  Mtwort  perforsHH  objeetiv*  for  the 
25000  la  hypothatioal  refaraao*  oonaaotioa.  Aa  a  praviaioaal  aolatioa, 
Hbjeot  to  reviaioa  ia  the  light  of  further  ranlta  of  error  aeaaorHHt 
progTHM*  8G0t  of  tho  total  aooeptabl*  error*  aight  be  appropriated  for 
Hoh  aargin. 

Thia  leada  to  a  long  tom  boh  blt^rror  ratio  of  1«10^  m  h  appropriate 
objeotive  for  a  25OOO  ha  hypothatioal  raferHo*  oonaaotim  oonpoeed,  la  all 
ita  liaka,  of  digital  liaa  ayatna  on  oabl*  and  oparstlag  tr—  of  astvnal 
iatarfaranoH. 


The  folloirt.ag  table  ahOH  how  thia  bit  error  ratio  al^  be  allooatad  to  tho 
aaia  aaMiviaiaan  of  the  total  hypothatioal  rafaraaM  Goanoatlaa. 


•  n*  hIuo  preamtly  propoaed  in  Rec.  c.621  1*  1*  icr<. 


ObjeotiTM  for  ^st<B8  providing  national  links  ^  dolvM  siailarlj,  taking 
into  aoooimt  the  global  allocation  and  the  constitution  of  tbs  rslsvait  HgnP. 


iniw  *  on  oi  orror  oirnsnc^  2*^51?! 


5»1  General  observations 

Zn  order  to  specify  and  avalnata  repeaters,  mltiplazas,  and  aotual  or 
ooBbinatloas  of  these  (as,  for  asaple,  in  a  Itfpotlwtioal 
rsfarenoe  clroiiit)  It  is  naceesaiy  to  adopt  ■eaaaraa  of  psrfananoa*  ^or 
analog  eqalpaant,  noiaa  paver  haa  ba«i  the  priaoipal  aeasiire  avploiyad. 

the  digital  reala,  there  haa  been  a  tendency  to  naa  error  ratio  for  this  poxpoae 

Error  ratio^is  far  froa  an  exact  analog  to  noise  power,  however.  For  exaurole 

note  that  an  analog  repaatar  or  aulti^ax  -^rploally  iajaote  a  fairly  oonetiait 
noiaa  powar,  vbioh  is  oloaa  to  tha  design  valaa*  A  digital  repaatar  or 
anltiplex,  hoverar,  typioelly  operates  at  aero  aner  ratio,  and  shea  it  aakaa  aa 
arror  thaea  ara  usually  at  a  ■uoh  higher  rata  than  whatevar  dsalgn  rata  nay 
have  beet  apaolflad,  and  ara  indeed  ofttn  a  raeolt  of  dlctarbaaoea  not 
related  to  the  beeio  eyata  paraetcra.  Aa  a  ocsiaaganoa,  arror  ratio  has 
aaaal  drabaoks  tm  a  naasara.  Saa  of  these  arai-> 

«>  Systa  conpoaants  alnost  Mvar  operate  near  their  daign  arror  ratios* 

-  Xrrorratio  of  a  aultipla  la  ma  alaost  naaniaglaaa  oosioept.  Koapt 
in  ossa  of  failure,  anltiplaa  ahould  operate  arror  fra* 

-  Xrrorpatio  is  a  very  poor  asasnra  of  repsata  parfoaiaa.  Ohaarvsd 
aiTors  in  a  iroparly  daignod  and  opsrstad  npasta  are  aost  likely 
a  result  of  elootrcaagnetio  or  other  dieturhaBas  uarelated  to  tha 

ropeata* 

•  the  allooation  of  errorratlos  to  the  saaral  aansiua  of  a  oaplete 
ooiaieetion  baars  little  relation  to  eituntloM  ohaerved  in  praotia* 
lyploally  at  any  tine  «ha  the  errorrstio  of  a  real  ooimeotioa  ia 
aignifioatt,  the  errorratlos  on  ell  segaests  asapt  ona  ara  nigliglbla* 


It  la  interesting  to  note  that  noise  pover  a  a  i 
analog  gyataa  ahara  none  of  those  drahacks* 


of  perfocaaa  in 


As  a  oonsaquaa  of  thaa  oonaidtfstlona  g.821  npn.  as  tha  objective  for  a 
hypothatioal  digital  waaotion  la  tana  not  of  error  rata,  tot  ia  of 
Interval  (ona  aaeoni  aad  oa  aiata)  vhloli  have  aars  ia  aaeea  of  a  stated 


5*2  r.amn 

In  ealog  ^yataaa,  the  eae  aeaeure,  noise  poser,  aad  in  ev^uati^ 
oonaotioa  is  also  a  good  aeaeure  of  repeater  quality  aad  ia  ofta  aed  a  a 
objeotive*  La  digital  qyetae  neither  error  ratio,nar  either  of  the  neasares 
or  Q.621  bear  auto  relation  to  repeater  quality*  The  aeaaure  aaggaeted  for  this 
purpoee  is  aargin  (azpraaead  in  dB)  against  a  kH  error  probability,  Tha 
aarfin  that  incraaes  in  the  deninant  intarfarenoa  (auto  aa  thamsl  noiaa  sr 
ercastalk)  freo  its  noalnal  or  actual  value  whioh  pro&toM  a  IC**^  error 
probability*  This  of  course  requires  oarsfhl  dsfinitioa  scae  contrlbutiaes 
have  addressed  this  issue.  Bagsrdless  of  exact  deflsitioc,  however,  ti»  crucial 
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polat  is  that  tha  rapaatar  ia  apadfiad  and  aaaaorad  aadar  oonditioaa  aKoladlnc 
amp  tBoontrollad  iatarfaranca  (anch  aa  ll^ttnlag)  ao  that  rapaatar  azror 
atatlatioa  ara  ia  fast  vail  rapraaaatad  hgr  Poiasoa  aarivala  and  ao  mrxoT  prol^ 
ability  ia  eoaplata  dasoriptioa  of  tha  aaror  parfoiaaaoa*.  Thia  ia  ia  sharp 
ooatrast  vith  a  tjrpioal  rapaatar  iastallad  in  tha  fiald* 


fha  ohoioa  of  10**^  la  not  aacial  ~  hat  is  frohably  qaita  raasonabla  for 
hl^iar  spaad  hystaaa.  KT”  ai^ht  ha  aora  iqapropriata  for  repaatera  ia  tha 
1*3-2  Mhit/a  raacst  so  that  aaaaoraiait  iatarrals  of  tha  ordar  of  a  fav 
soooads  oaa  ha  asad* 

To  illnstrata  tha  utility  of  thia  aeasnra,  oouidar  a  100  llbit/a  ooax  rapaatar 
with  BVffia  of  3  dB  acaiaat  10*7  arror  pzohahili'ty* 

OiTaa  a. rapaatar  ia  tha  lab  or  ia  tha  fiald*  thara  is  ao  dlffioolty  la 
aaaaariac  its  pvfanuaoa  (l|y  addiac  aoisa  for  ampls)  aa  tha  oddad  aoisa 
oaa  raadily  ha  adjustad  until  10*7  (at  100  Mbit/a  s  10  arron/aaeood  }  ia 
obtaiaad*  (istudly  tha  aaaanr»»t  cf  atror  grahahdli'ty  is  not  lantiMl, 
aa  an  ordw  of  aagiiitada  variation  coiraapoada  to  <a]y  about  0*3  dB  of 
aorsui)*  B>a  mmgln  a^iaat  10*7  arror  probability  is  also  a  raaaaaablo 
orituloB  for  a  daalpiafr  to  ocaaidar*  and  a  aoBraadart  qaaatity  to  uaa  ia 
prodaotioa  taatiac* 

Xt  ai^  ba  thoa^  that  tba  rapaatar  oould  ba  apaolflad  by  its  aspariaaoa^ 
atror  probability  (with  ao  additional  aoisa)  -  bat  tbla  would  ba  about  10*^°* 
ao  low  as  to  ba  oosplataly  nnmaiirabla* 

ia  a  t«tativ«  dasiipi  objaotivu*  a  rnaator  aaryia  of  tba  ordar  of  3  dB 
afaiast  1*10*7  to  10  dB  agaiast  1*10r«  aight  laiaad  ba  raaaaaabla  for 
rap^ara  abova  3  mt/s*  Xu  tba  1-3  Mbit/s  ra^a*  tbia  oould  ba  gainst 
10^  arror  probability. 


Thasa  valuaa  ara  probably  aot  grossly  unraaanaabl  a  but  tbay  ara  not  diraotly 
obtaiaad  ftoa  tba  aatvozfc  psrfoaMBOa  objaetiTss*  Tha  ralatiowhip  should 
ba  tha  subjaot  of  Ibrthar  s^4y* 

Ccasnissioninf,  objectives 

6*1  Chechs  of  systg;  error  rerforaanct. 

Both  tha  appro anhaa  abowa  ralato  to  pwfbiaaBoa  ia  aa  iatarfaranoa^rao 
svizuaaoat.  It  follows  tha*  idun  tba  parforuMiua  af  an  iastallad  upstaa 
is  saaMrad  with  a  wiaw  xo  nhanking  whathar  a  objaotiva  is  aa* 

fraoautioas  ara  aaaaaaaiy  *o  idaatiiy  arrurs  admbutSbla  *o  tha  aa^ronaat* 

This  is  aaoaaaarily  law  than  m  aoae*  procadara*  mk  pviaary  ralianoa  Thrmlil 
ha  plaoad  oa  varifloatiOB  tha*  tha  oapoeaBta  aaat  thair  dasiga  ohjaetiwaa. 

Pariods  daring  lAlob  airora  ooour  siMltaBaously  ittth  obaarvad  potortial 
iatarfaraaeaa  ahould  olaarly  ba  dtsoowstad* 

CoeaidaratioB  of  tba  diatrihuticm  of  uaasurad  aerorw  nay  justify  tba  disoouatii^ 
of  iaolatad  bursts*  mrm  it  baa  aot  baaapoaaibla  positivaly  to  idwtiQr 


BqttiiMBt  d«>i^  objaetivas  arm  applicable  only  to  ^atcBa  in  good  wori&ng  crdar. 

It  follom  that  arrcara  otaad  ty  faulta  have  to  be  disoonctad;  boaever,  tba  overall 
iaoldanoa  of  intamptioua  due  to  faults  la  iroparljr  sabjeot  to  rsoaMuadatlona 
aoBomiad  vitli  aqaipuairt  reliability* 

Soua  errors  uv  result  froa  ooiponeaita  failing  intemittaitly  or  undergoing 
(diaagee  with  respaet  to  tbetr  operating  obaraoterietios.  Snob  eight 
Justifiabljr  be  attributed  to  atiulpuant  daalgn  ratbar  than  reliability  failure. 

A  aatiafaotozy  teat  en  ur— iaaioning  objectivaa  for  arrcr  perfonance  takiig 
all  tbeee  aapeota  into  aooauat,  oan  be  drafted  only  after  fbrthar  study  wd 

osporia»3e* 

Annex  6 

(to  Question  9/XVIIl) 

Error  perforeance  objectives  for  integrated  services  digital  networks  (ISHI) 
.(Contribution  by  the  International  Telei^cae  and  Telegraph  Corporation) 


1.  introdoetlon 

ftm  digital  cooametiaaa  aat  up  Isy  mi  iatagxatwl  aamoaa 
digital  aatMozk,  aonaally  of  (4  kbit/a,  am  aaoioagad  to  ba 
aoad  for  diffacant  poxpoaas*  spaacb*  data,  facailla,  ate. 
naaa  osagib  diffat  ia  tbair  aaaaitisitiaa  to  aczoxs  iatzodooad 
into  oonnactlona  by  tba  aatHOxfc,  botii  aa  zayazda  tba  aaabaza  of 
azzocs  Md  cbaiz  diatzibatioa.  for  tbis  zaeaoa  tto  azzer 
pazfot— loa  zaqaizaaaata  of  tba  ISOM  aza  bailor  fozBalattd  ia 
tazaa  of  aaaa  arzoz  zatloa  and  intagzatiag  pazleda  irtiicb  aza 
paztieolar  to  each  i«aga.  for  data  tba  objactiva  ia  espreeeed 
ia  arzor^fzaa  aaeondsi  for  talM>bofty  by  aauns  of  aiautoa  haelsg 
battar  tbaa  a  thraahoid  arzoz  ratio.  Otbar  aavisagad  XSoa 
aaagaa,  facsialla,  pietuza  puma.  ate.  mmr  zaqaiza  tba  foraola^ 
tioa  of  zagaizaaeata  aiyzaaaad  ia  yat  otbar  iMys. 

tba  44  kbit/a  ooeaaetioas  of  tte  ISDN  aboald,  of  eoozaa*  haea 
aa  arzoz  parfotmica  abicb  is  at  oaea  acoaptabla  for  all  xm 
aazaioaa.  to  tbis  aad  it  la  daaizabla  that  tba  aapazataly 
a^zaasad  ^jaetieas  ba  oonpatibls  ia  that  tbsy  onafota  to  a 
aiagla  zaqaizad  qaali^  of  tzaaaalaaiqa. 

tba  objsetiaa  of  tbia  eoetzlbatioa  ia  to  pzaait  a  aaaas  of 
dafiaiag  azsoz  parfezaaaoa  lAieb  at  oaea 

•  takas  aeoemt  of  tba  ways  arzoza  aza  distsibatad 
ia  pzaetioa 

•  is  oaaaaa^atiy  ecaeaztlbla  iato  fozaa  ubicb 
aza  aaaalngtai  for  diffazaat  tfSM  asagaa 

•  pzowidaa  a  basis  of  coapaciaon  of  tha  lavals  of 
digital  tzMiraiasi«i  quality  i^ilad  by  uaatf 
oziMtad  parforawca  ^jactlvM. 


. . . . . 
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2.  A««»"«pfcion«  ralgvant  to  error  distribution 

Early  atudla*  of  digital  natwork  error  perfonnanc#  generally 
aasuMd  a  constant  bit  error  probability,  its  value  being 
4pp^Q](^giated  by  tbe  long  tens  naan  error  ratio,  a  readily 
■easurable  quantity.  The  oa these tics  of  the  resultant  error 
distributions  was  available  -  the  Poisson  distribution. 

The  percentages  of  integrating  periods,  seconds,  ninutas, 

S-ai^tes  or  whatever,  during  which  specified  error  ratios, 
choices  exercised  according  to  the  particular  ISDN  service  being 
considered,  (sight  be  axcaadad  were  calculable  from  the 
long  tara  aaan  error  ratio. 

In  the  event  aaasurasients  of  realized  error  performance  have 
deaonstrated  that  errors,  in  practice,  occur  in  clusters,  so 
l.nvalidating  the  aasuogition  of  a  constant  bit  error  probability 
and  derivations  based  on  Poisson  theory. 

He  suggest  that  the  following  alternative  basic  assumptions 
accord  reasonably  wall  with  the  actual  behaviour  of  real  networks, 
so  far  as  they  have  been  observed  : 


The  probability  par  bit  that  an  error  cluster  will 
begin  is  constant  and  is  approximated  by  the  long 
term  mean  ratio  of  cluster  rata  to  bit  rate 


•  The  nusdMrs  of  errors  in  clusters  thansalves  follow 
a  Poisson  distribution. 

The  aathematics  of  such  error  distributions,  although  rather  more 
complex  than  the  simple  Poisson  distribution,  is  already  available 
and  promises  to  satis^  the  objectives  put  forward  in  the 
introduction  above. 


A  ContaqioM  Distribution  (see  ref.) 


Such  a  distribution,  derived  from  the  foregoing  stated  assumptions) 
is  defined  by  two  parameterst 

•  the  cluster>bit  ratio  (mx)  expressed  as  the  seen 
nunbar  of  clusters  per  stated  sample  size  of 
transmitted  bits 

°  the  aman  nueber  of  errors  par  cluster  (ax) . 

The  probability  of  encountering  exactly  *r”  errors  in  a  sample 
is  given  byt 


„  '"i  _  -m  )  1 1 

Pf  = - •  .  =0  * 

r  I  ( 


wnatv  Ism,'*  '"’j 


(22) 
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■[he  spcclAl.  CASS  of  fcho  probAblllfy  of  a  sab^Ia  contAinin^  no 
Arrors  la  glvan  byi 


Po««ip  I -m,  51  -  A‘"'»>*^ 


ThA  SAAn  of  thA  distribution  is  mi.n2}  this  is  squAl  to -n.Pf 
irtiArs  n  is  ths  nusdasr  of  bits  in  ths  chosan  saaplA,  64  kbits 
possibly,  sad  p  ths  long-tazm  mssn  srror  ratio. 

ThA  vATianee  of  thA  distribution  is  nim2(l  ^2)  • 

Zt  is  to  bA  notad  that  as  m2  -»  0  so  do  ths  asan  and  ths  varlancA 
of  ths  distribution  approach  squallty,  ths  charactArlstlc  of 
thA  sisals  Poisson  distribution. 

Also  notAtiorthy  is  tha  fact  that  clustars  ara  charactArlaad 
only  by  tha  nuabars  of  arrors  thay  contain# 


For  64  kbit/s  transBd.saiQn,  long  tarm  naan  arror  ratios  of  10~^, 
S.lO't,  3.10*^  and  1.10~*  and  naan  valuss  of  arrors  par  clustar 
of  from  1-1000  «a  hava  calculatad  tha  foraeast  parcantagas, 
according  to  tha  foragolng  suithamatics,  oft 

-  arror  fraa  saconds  (Fig. 1) 

-  sdautas  during  which  tha  arror  ratio  la  battar 
than  vrS  (Fig.  2) 

-  adnutas  during  which  tha  arror  ratio  la  battar  than 
lor*  (Fig.  3). 

Tha  rangas  of  waluas  takan  into  account  ara  thoas  approprlata 
to  ba  coasldarad  In  ralatlon  to  parforaanca  objactlvas  for  a 
25,000  kai  hypothstlcal  rafaranca  digital  oonnactlon,  tha  subjact 
of  Rac.  G.821  (Irror  parforaanca  on  an  Intamational 

digital  oonnactlon) . 


(22) 
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Figure  1  -  The  variation  with  degree  of  cltistering  of  the  percentage  of  seconds 
of  6U  kbit/s  transmission  which  are  error-free  for  different  values 
of  long  term  mean  error  ratio  (p) 


Figure  2  -  The  variation  with  degree  of  clustering  of  the  percentage  of  minutes 
of  6h  kbit/s  transmission  having  an  error  ratio  less  than  10  ^  for 
different  values  of  long-term  mean  error  ratio  (p) 
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Figure  1  confirms  the  frequently  observed  effect  of  error  cluster¬ 
ing  that  performance  expressed  in  terms .of  error  free  seconds  is 
significantly  better  than  would  be  expected  from  a  measured  long 
term  mean  error  ratio  and  an  assuswd  Poisson  distribution  of 
errors. 

The  particular  long  term  mean  error  ratio  whidi  would  satisfy  a 
95t  error  free  seconds  objective  depends  on  the  degree  of 
clustering.  A  long  term  error  ratio  of  10~5  would  suffice  given 
a  degree  of  clustering  as  high  as  is  represented  by  an  errors 
per  cluster  value  of  12.5. 

Otherwise,  tne  necessity  of  a  superior  long  term  mean  error  rate 
is  indicated. 


Error  nerformance  objective  for  teleohon 


Figure  2  demonstrates  an  effect  of  error  clustering  which  seems 
not  to  have  been  so  well  anticipated  as  that  referred  to  in  3. 
above  but  is  quite  explicable,  nevertheless.  If  the  significant 
integrating  duration  is  one-minute  and  the  acceptability  criterion 
is  an  error  ratio,  over  the  minute,  of  ID'S,  error  clustering  up 
to  a  Ksan  value  of  errors  per  cluster  of  about  50  actually 
reduces  the  percentage  of  acceptable  minutes  for  a  given  long 
term  mean  error  ratio.  For  values  of  mean  errors  per  cluster 
qreater  than  SO  the  percentage  of  acceptable  minutes  Increases 
progressively. 

The  same  effect  is  not  so  evident  for  a  one-minute  threshold  of 
error  ratio  10~S  (see  Fig.  3) .  The  maximum  acceptable  number  of 
errors  per  minute  in  this  case  is  only  three  so  the  etirves  have 
shapes  rather  similar  to  those  for  error  free  seconds  (Fig.  I). 
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6.  N««d  for  field  measurements  of  error  ratios  and  dlatrlbuti-oi  : 

A  major  difficulty  associated  with  the  fonnulation,  at  the  present 
time«  of  error  performance  objectives  for  the  ISON  is  the  scarcity 
of  measuranents  of  the  error  perfomumce  of  working  sy stmts. 

Such  data  are  essential  if  the  objectives  set  are  to  be  realistic. 

During  the  1977-80  study  period  to  date  the  only  measurements 
contributed  to  Study  Group  XVIII,  to  our  Icnow ledge,  were  those 
by  Prance  (COM  XVXIl  -Nos.  28  and  278)  and  Switzerland  (COM  XVIII 
-  Mo.  208);  these  were  necessarily  limited  in  scope  to  relatively 
short  distance  tranesUssion  systems  but,  even  so,  have  been 
extremely  useful.  It  is  desirable  that  the  reply  to  Q.  1/XVXXI 
for  1977-80  and  the  texts  of  new  questions  Swt  for  1981-84 
Si^ih seize  the  importance  of  new  information  derived  from  field 
meeeuremanta. 

niis  cmtributiaa  confirms  the  need  to  measure  data  %(bicb  are 
indicative  of  ttxe  distribution,  or  clustering,  of  errors  as  well 
as  the  overall  ratio  of  errors  to  bits  transmitted.  This  might 
bo  done  in  various  ways. 

the  Swiss  contribution  COM  XVXXX-No.  208  analyses  the  total 
duration  of  a  2048  kbit/s  traasad.asion  into  the  elesMntal  periods, 
seoonds  or  minutes,  containing  different  niadoers  of  errors, 
including  sero.  the  transmission  rate  and  the  length  and  type 
of  oonneetion  have  to  be  stated,  of  course.  The  Preach 
ooatribtttion  CON  XVXXX-Mo.  278  describee  a  rather  siadlar  prograemi 
of  aeaeuremamts  performed  on  140  itiit/e  systems.  Both  parameters 
mj^  and  ma  can  be  detezaUned  frta  the  data  produced  by  such 


Alternatively,,  the  parameter  m2  nay  be  measured  directly  by  a 
owiting  of  the  total  bite  in  error  and  of  the  ntmdier  of  clusters, 
i.e.  the  number  of  errors  wbi<di  are  the  first  errors  of  new 
clusters.  A  cluster  is  characterized  by  the  large  atmdiers  of 
oorrectly  transmitted  bits  which  separata  it  from  adjacent 
clusters  ooe^arad  with  the  niabers  which  separate  the  bit  errors 
within  itself. 


7.  Suwwry  and  Conclusions 

Tbm  study  of  ISON  performance  objectives,  e.g.  with  reference 
to  a  hypothetical  25000  Itm  64  kbit/s  connection,  is  substantially 
simplified  by  two  basic  assumptions: 

-  that  error  clusters  (as  distinct  from  the  errors 
themselves)  aze  randomly  distributed, 

-  that  the  numbers  of  errors  par  cluster  are  also 
randoaU,y  distributed. 

Error  performance  objectives  expressed  in  terms  of  different 
error  ratio  thresholds  and  integrating  periods,  meaningful  for 
differmt  ISON  services,  are  then  coiig>arable  on  the  basis  of 
two  parameters,  the  long-term  mean  error  ratio  and  Che  mean 
number  of  errors  par  cluster.  The  racocaaendlng  of  inconsistent 
objectives  for  different  earvicas  can  in  this  way  be  avoided. 


the  two  mentioned  parameters  do,  in  thsmeelves,  provide  a 
sufficient  method  of  specifying  an  ISDN  parformance  objective; 
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furthanaorc,  on  objective  expreeaed  in  this  way  is  readily 
apportioned,  as  appropriate,  to  diffe.ent  parts  of  the  reference 
oonnection. 

The  iaportamce  of  nore  field  measurements  of  error  performance 
is  es^hasized;  suggestions  are  made  as  to  how  these  may  most. 
effectively  provide  information  on  error  distributions  as  they 
occur  in  reality. 
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Annex  7 

(to  Question  9/XVIIl) 


Relation  between  error  measures 
(Contribution  by  American  Telephone  and  Telegraph  Company) 


!•  A  proposed  draft  reconmendation  suggests  two  error  performance  objectives, 

both  of  which  are  to  be  met  concurrently.  These  are: 

-  More  than  90  percent  of  minutes  to  have  better  than  TOO”®  errer  ratio. 

-  More  than  92  percent  of  seconds  to  be  error  free  (for  64  Kb/s  connections). 

It  is  natural  to  inquire  as  to  the  relation  between  these  requirements.  This  relation  may  be 
investigated  by  making  some  assumptions  regarding  the  error  statistics.  Alternatively,  the  limits 
on  one  measure  guaranteed  by  the  other  regardless  of  the  statistics  may  be  calculated,  and  this 
calculation  is  carried  out  below.  It  is  found  that  a  connection  providing  exactly  90  percent 
minutes  at  better  than  1-10'6  error  ratio  will  provide  from  85.5  to  99.8  percent  error-free- 
seconds  at  64  Kb/s,  and  that  a  connection  providing  92  percent  error-free-seconds  at  64  Kb/s  will 
provide  from  0  to  97  percent  minutes  better  than  I-IO"®. 

2.  If  we  have  90  percent  minutes  better  than  1-10*®,  then  for  90  percent  of  the 
minutes  there  must  be  less  than  (10"^)  (64)  (103)  (60)  =  3.8  errors.  Therefore,  there  can  be 
from  0  to  3  errored  seconds  in  the  90  percent  interval.  In  each  minute  of  the  10  percent  (at 

the  limit)  o'  minutes  worse  than  10”®  there  must  be  at  least  four  errors,  which  could  all  occur  in 
one  second,  or  there  could  be  60  errored  seconds  in  each  such  minute.  Therefore,  the  percent 
error  seconds  corresponding  to  the  90  percent  minutes  criteria  ranges  from 

(0)  90S  +  (1/60)105  =  0.175  to 
(3/60)  90S  +  (60/60)  105  =  14.55 

3.  If  we  have  92  percent  error  free  seconds,  tne  8  percent  errored  seconds  could 
each  have  one  or  more  errors.  Since  any  second  with  4  or  more  errors  causes  the  minute  in  which 
it  appears  to  be  worse  than  the  10'6  threshold,  and  8  percent  of  60  seconds  is  4.8  seconds,  there 
may  be  no  minutes  better  than  I-IO"®.  On  the  other  hand,  if  three  errored  seconds  occur  ir  each 
minute  for  31  minutes,  and  then  one  minute  with  60  errored  seconds  occurs  we  have  still 
fapproximately)  8  percent  errored  seconds,  but  now  (approximately)  97  percent  minutes  which  are 
better  than  1•10•6. 
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Annex  8 

(to  Question  9/XVIII) 


Effect  of  digital  signal  processing  devices  on  the 
transmission  performnnce  of  international  digital  connections 

(Contribution  by  Bell-Horthem  Research/CTCA) 


latroduetlea 


It  kaa  bam  kaown  (or  •oaa^claa  that  an  Intamacional  dl^ical  rnnaarflni 
mcmm  cmtacrlaa  uaitt«  A-law  and  Mu'law  KM  codiet  ratulca  ditltai  coda 
eonvaraloa  If  an  aacaaaiva  anotmc  of  dlacorcion  la  co  ba  caoldad.  A  aHieabla  coda 
cewraralon  baa  baan  riri— iwdad  (laeonMadaclon  C.7U)  and  cba  parfonaaca  of  an 
Idaal  eonaaccloa  lavolvlat  aa  A/Ma.  Ma/A-iaa  eonaaraloa  haa  baaa  tiAliabad  (CCttT 
Craaa  laok  Vol.  IXt-3  P.  MA  Pltara  A). 

■avac^alaaa,  a  traetlcal  lacacaatloaal  coaaactloa  aay  coatala  addlcloaat 
procaaal^  davlcaa  idilcb  eaa  eaaaa  furtbar  dlacorcion.  Thaca  will  alao  ba  a 
fwrcbac  datcadaclon  dna  Co  caadoa  bit  acrora. 

Oaiat  coafacac  aodala,  calcalaclona  hava  Charafora  bWM  aada  of  cba  ovaxall 
altaal  co  dlatoccioa  raclo  (for  a  gauaalaa  Inguc  altaal)  of  varlona  practical 
caaaacclona.  Ibaaa  cenaaecloaa  lacluda  A/Mu-law  coavaraloaa  and  ocbat  digital  algaal 
procaaalag  daaleaa  aaeb  aa  a  A  dl  dlglcal  pad  and  a  typical  bit  radaetloa  acb«a. 

^  affacc  of  raadoa  bit  arrara  baa  alao  baaa  lavaatlga'tad.  Tba  nrltla  taaiMi  Idaal 
A  ^  M»-law  aagaaatad  coding  lawn  aad  coavaralon  rulaa  accordiag  ta  laeaaaaadatlaa 

CaTXXa 


Calculations  of  the  signal  to  distortion  ratio  of  A  and  Mu-law  encoding 
with  each  of  the- digital  signal  processing  devices  alone  are  given  in  Figures  la  and 
lb.  Notice  that  a  6  dB  pad  has  been  used  in  these  calculations.  Other  pad  values 
would  give  sonewhat  different  values  of  signal  to  distortion  ratio  for  A  or  Mu-law. 

In  this  and  s\ibsequent  figures  the  dashed  line  represents  the  template  for 
the  allowable  signal  to  distortion  ratio  of  a  single  codec  from  Recommendation  G.712 
(gaussian  signal  input). 

2.  Caleulacloa  laaulca 

(1)  Oaa  vary  laporcaac  pracclcal  csaaaccloa  involvaa  aa  A/Nu-law  coovarsloa  wbara 
cba  craasBlaalaa  loss  is  achieved  by  aaans  of  a  6  dB  dlglcal  pad  lasarcad 
prior  to  the  receive  codec.  This  connection  is  shown  in  Figure  2a.  Signal 
to  distortion  ratios  for  Mu  to  A  and  A  to  Mu  directions 
of  craasalastoa  for  chis  coafiguraclon  are  shown  la  Figures  3a  aad  3b,  wich 
aad  without  a  6  dB  dlglcal  pad  and  a  random  bit  error  raclo  of  10*^  .  Ic  is 
clear  chac  cha  dagradacion  Introduced  by  cha  caadom  bit  errors  la  eha  dominaac 
faaturs.  In  coaparlsoa  with  Flguras  4a  and  4b,  which  show  cha  efface  of 
caadom  bit  errors  without  any  pad  or  A/Mu  law  coavarsion.  It  can  ba  saaa  that 
tba  coaaaccloa  of  Figure  2a  would  hava  cha  saaa  signal  co  distortion  raclo  as 
a  raadoa  BIB  of  bsewean  1(P  and  10**  .  This  level  of  signal  to  dlscoctloa 
ratio  can  result  in  parceivad  degradation  (CCIB  Doc.  h/T^;  197!i-107t), 

particularly  for  low  level  signals. 


*  To  facilitate  the  preparation  of  this  text  the  symbol  Mu  was  used  in  place  of 
Greek  letter  y  throughout  the  text. 
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(11)  Th«  conflgucsclon  cnalyaed  above  can  be  extended  to  include  the  effect  of 
extra  eisnal  pcocesainc  uhich  night  occur  due  to  for  exa^le,  digital 
i;icerpolatlon  systen*.  When  auch  a  systen  Is  in  overload  one  technique  to  Mke  note 

ehaonels  Inatantaneoualy  available  is  to  reduce  the  niaber  of  blts/aaapla  to 
7.  this  is  also  known  aa  trans-coding.  Although  this  bit  reduction  occurs 
ity iisn ii  ally  depending  on  the  instantaneous  talker  activity i  a  worst  case  Is  to 
aastflic  continuous  bit  reduction  to  7  bits.  A  connection  consisting# 
therefore,  of  a  Mu/A-law  conversion#  6dB  digital  pad#  7  bit  transcoding  and  • 
raadow  BEE  of  KT*  has  been  analysed.  This  connection  is  shown  in  Figure  2b. 
yhe  signal  to  diatortlon  ratio  for  either  direction  of  traaawission  of  this 
coaaaction  is  also  shown  In  Figures  3a  and  3b.  The  additional  7-bit 
traaecodli^  causes  sows  reduction  in  the  eignal  to  distortion  ratio  for  high 
lewal  signals.  Howavsr#  in  this  level  range  the  signal  to  distortion  ratio  is 
still  sufficiently  high  that  the  subjective  effect  would  be  unnoticeabls. 

Ooes  again#  the  subjective  effect  would  be  on  low  level  signals. 


3.  1"**  ^ 

Ssvaral  cowputer  wodels  of  practical  iatarnational  digital  cosssetions 
involving  A/lfu  law  conversions,  digital  pads  and  bit  reduction  sebsnse  have  baea 
analysed.  Calculatlens  have  shown  that  the  addition  of  digital  signal  grocosalag 
devlcsa  result  la  a  decraase  of  signal  to  distortion  ratio,  for  eoansctlons  with  a 
bit  error  ratio  of  UT*  this  decrease  is  sufficient  to  causa  a  •atlcaskla  ehaaga  Is 
the  pereatvad  degradation,  particularly  at  low  signal  lavels.  It  Is  thsrafota 
suggeatad  that  the  effect  of  digital  processing  devices  should  he  taken  into 
conaldaratlon  whan  alloeatii^  lapaimenc  in  an  latereacional  digital  conasctlon. 
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QUESTION  10/XVm  -  Availability  for  the  ISDN 

(continuation  of  Question  5/XVlII,  studied  in  197T-1980) 

1.  What  availability  parameters  should  be  delined  for  the  ISDN,  and  what  values 
should  be  reconunended  for  each  parameter  ? 

In  particular,  values  of  parameters  should  be  defined  on  an  overall  basis 
(customer  to  customer)  and  apportioned  as  appropriate  to  nodes  and  links  in  the  network 
for  different  aspects  of  each  service  (see  Annex). 

2.  What  methods  should  be  used  to  measure  the  availability  ? 

3.  Which  hypothetical,  reference  models  should  be  coordinated  with  the  studies 
on  determination  ? 

Note  1  :  Studies  of  this  Question  should  be  based  on  the  results  of  those  carried 
under  Question  o/x’/III  and  in  close  cooperation  with  the  appropriate  Study  Groups. 

Note  2  :  Replies  to  this  Question  will  be  transmitted  to  Study  Group  CMBD  as 
contribution  to  Question  2/CMBD  by  the  Rapporteur  for  availability. 

Note  3  :  Meeting  these  aims  requires  careful  study  of,  an  ;i- ‘’.ed  approach  to,  all 
aspects  of  service  availability  such  that  particular  parameters  are  not  considered 
in  isolation. 


Annex 

(to  Question  10/XVIIl) 


Reply  to  Question  5/XVIII  (Reliability  and  availability  of  digital  networks) , 

Study  Period  1977-1980 


General  aspects 

The  eTailablllty  end  reliability  pexforeance  abjeotlves  are  hi^ily 
depenlant  on  the  defialtlona  of  failures  in  a  network*  T^se  are  different  for 
different  aerrices  and  one  failure  also  haa  different  effeots  on  the  functions 
of  diffemt  aerrieea*  Sinoa  the  various  availability  requiieaants  depending 
on  different  seivleea,  leads  to  different  costs  in  the  network^  it  is  neesssaiy 
to  start  with  at  least  one  objective  for  each  service  and  then  try  to  ecabine 
thea  in  such  a  way  that  the  na^r  of  objectives  will  be  raduasd* 

As  a  basis  fbr  further  studies  at  least  the  following  four  levels  of 
performance  will  be  used  ; 

1 )  Noraal  service 

2)  Degraded  for  data 

i)  Interruption  for  non  tele;diany 

4)  Total  interruption. 

These  levels  as  well  as  the  objectives  have  to  be  defined  with  a 
number  of  suitable  parameters  and  the  study  of  which  parameters  can  be  used 
is  a  task  for  the  next  study  period. 
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The  aervioe  availability  objective  will  be  established  ta.-'.inr,  into 
consideration  the  quality  of  aer/ice  offered  to  the  subscriber  and  that  which 
con  bo  achieved  by  the  Administrations.  The  Administrations  will  be  able  to  allocate 
their  maintenance  personnel  and  procedures  and  the  provisioning  of  stand  by 
equipment  and  alternative  circuits  in  a  manner  most  appropriate  to  themselves 
but  at  the  same  time  achieving  the  performance  objectives. 

Calculating  failure  oecurvioas  and  the  probability  for  a  failure  in  the 
natwork  ^.ikas  it  naoaaaary  to  uaa  atatiatiaal  metboda.  Thia  should  be  taken  into 
account  whan  avaluatinf  or  aaaauring  failures  in  a  natwork*. 

PrOB  the  above  ie  xualeretood  that  speeif)in<  all  failures  and  failure 
affacts  in  a  'coaplate  natwork  with  a  number  of  different  serrieea  ia  a  rathar 
coaplieatad  taak.  Thia  makas  it  naeessary  to  iiaa  si^ilifiad  aodals,  aush  ea 
hypothatioal  rafaranee  circuits  and  the  wcxic  with  those  Bust  continna  with  high 
priority  during  tha  next  stedrperlod.  One  firat  modal  haa  been  developed  during 
the  study  pariod  (see  Figure  1). 

Whan  an  overall  availahiltty  perforaanoa  objectiva  haa  basn  formulatad, 
tha  naxt  vary  ijqwrtant  problem  ia  how  to  aUoomte  vmluoa  (raquireaanta)  to  tha 
vatloua  parts  of  a  natwork.  ma  ia  an  econoaie  problaa  of  hl^  iaportaano  and 
poasibla  optiaisatlon  aethoda  must  ba  dealt  with  as  soon  as  poasibla. 

Conclusions  and  future  vork 

a)  The  principle  to  divide  the  network  into  two  basic  parts,  (1)  subscriber 
sub-system,  (2)  linking  sub-system  has  been  provisionally  adopted  as  the  basis  for 
further  studies.  It  was  also  agreed  that  the  linking  sub-system  portion  should 
receive  initially  the  greatest  emphasis.  This  principle  is  described  in  more 
detail  in  Appendix, 

b)  A  simplified  calculation  model  should  be  used.  Figure  1  Ic 
such  a  model  and  represents  a  part  of  a  switched  connection  in  an  inte¬ 
grated  digital  network.  This  model  does  not  include  alternate  routing 
or  rerouting.  Sufficient  redundancy  any  be  included  to  achieve  the 
desired  level  of  availability,  considering  also  aaintainability. 

c)  This  model  could  later  be  expanded  to  include  2  or  more  routes 
between  the  two  switching  centres  and  the  achievable  availability  under 
these  conditions  may  be  determined.  It  may  be  desirable  to  indicate  such 
objectives  in  both  of  the  following  manners  :  (l)  at  a.oy  instant  of  timi 
X  per  cent  of  the  paths  shall  bo  available,  and  (2)  any  particular  path 
should  be  available  y  per  cent  of  the  time. 

Additional  refinements  to  the  model  nay  also  be  achieved  by 
including  alternate  routing  thrcoigh  other  switching  centres  and  network 
nanag'nent  principles.  These  refinements  may  indicate  that  a  desired 
availability  objective  may  be  achieved  for  the  linking  sub-system  with 
lower  values  of  availability  objectives  fqr  individual  parts  of  that 
system  than  originally  indicated  by  the  study  of  the  basic  model  propot..  1 
in  (b).  In  all  caaes,  it  has  been  assumed  that  sufficient  paths  have 
been  providad  using  traffic  engineering  principles  to  obtain  a  apecified 
grade  of  service. 

The  Interdependency  of  traffic  engin-  -:rins  and  path  availability 
objectives  must  finally  be  determined. 

d)  Availability  objectives  for  the  subscriber  sub-system  would  be 
studied  in  the  future  or  left  to  Ahe  responsibility  of  each  national 
network  Administration. 
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e)  The  definitions  of  faults  and  the  effect  of  a  fault  is  fundaaen'  al 
for  the  availability  and  reliability  of  a  network.  Definitions  such  as 

error  characterizations  and  data  (values)  are  needed.  During  this  study  period 
the  following  values  have  been  stazed  : 

-  An  error  ratio  in  excess  of  1.10“*  is  generally  regarded  as  being  a 
criterion  for  unavailability. 

-  On  a  61*  kbit/s  path  this  may  more  conveniently  be  exp^'essed  as  an  error 
count  of  more  than  61*  errors  per  second,  persisting  for  x  secunds. 

-  As  a  time  criterion  for  unavailability  1...2  seconds  have  been  mentioned 
initially  for  digital  service,  as  this  is  the  time  after  which  digital  multiplexes 
equipments  become  normally  unavailable  when  detecting  an  exc  sible  error  rate. 

A  value  of  10  seconds  for  telephony,  as  proposed  by  Study  G-  K.  has  been 
considered.  The  exact  value  should  be  decided  in  cooperatic  b  relevant 
Study  Groups  '(such  as  Study  Group  XI  and  CCIR  Study  Groups). 

f)  The  description  of  the  availability  concept  and  other  definitions  being 
studied  by  Joint  Study  Group  CMBD  will  be  used  as  the  basis  of  availability  work 
in  Study  Group  XVIII. 

g)  Different  levels  of  performance  have  to  be  taken  into  account  in  an 
ISDN.  Together  with  the  probability  for  a  subscriber  to  notice  the  different 
levels  this  is  essential  for  the  future  studies.  More  information  and  some  proposed 
values  are  given  in  Annex  5  of  Question  9/XVIII. 
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Appendix 

(to  Annex  to  Question  10/XVIIl) 

Availability  of  digital  transmi  on  gygtPing 
(contribution  by  the  Italian  Administration) 

1.  Introduction 

With  .'-iference  to  Question  5/XVIII  in  this  contributioh,  the  Italian 
Administration  presents  some  general  considerations  in  order  to  define,  evaluate  and 
express  the  availability  of  digital  transmission  systans. 

2.  Networks  and  transmission  systems 

An  analogue  or  digital  telecommunication  network  can  be  subdivided  into  two 
basic  sub-systems  : 

1)  subscriber  sub-system  -  that  includes  all  the  parts  being  assigned  to 
subscribers  and  allowing  the  access  to  the  network  (telephone  set,  individual 
line  connecting  the  subscriber  with  the  local  exchange,  local  exchanges); 

2)  linking  sub-system  -  that  includes  the  plants  and  the  facilities  in  common 

among  all  the  users  which  are  assigned  on  demand  by  a  frequency  division 

(analogue  transmission),  space  division  (space  division  switching),  or  time 
division  (digital  transmission  and  switching). 

Aiming  to  a  study  concerning  the  interconnection  and  the  interworking  of 
systems  belonging  to  different  Administrations,  it  is  mainly  important  the  linking 
sub-system  which  here  means  Integrated  Digital  Network  (IDN)  and  Integrated  Service 
Digital  Network  ( ISDN ) . 

Such  a  network  includes  : 

a)  nodes  -  where  switching,  signalling,  multiplexing  and  A/D  conversion  are 
carried  out; 

b)  branches  -  links  connecting  the  nodes  in  different  ways. 

As  a  first  approach  to  the  problem,  the  study  of  the  transmission  systems 
on  the  reliability  point  of  view  could  be  carried  out  :  they  actually  correspond  to 
the  branches  and  partially  to  the  nodes  (the  exchanges  are  excluded). 
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In  fact,  the  tranSEission  systeES  are  defined  as  the  wnole  of  the 
transmission  facilities  that  fulfil  bi-directional  paths  suitable  .or  transmi...ns 
useful  telecommunication  signals  between  two  terminals. 

The  transmission  system  is  generally  subdivided  into  two  systems  : 

a)  sub-svstom  -  that  fulfils  the  A/D  conversion  of  the  signal  and  the 

multiplexing  at  different  hierarchical  levels; 

Tina  sub-svstem  -  that  fulfils  the  bi-directional  transmission  over  physical 
lines  (cables,  guides,  fibres),  including  them  as  well  as  the  regenerators. 

Because  of  the  complexity  of  the  telecommunication  networks  anii  the  variety 
of  the  transmission  systems,  some  peculiar  characteristics  of  them,  useful  for 
determining  a  reference  model,  should  be  chosen. 

3.  Availability  of  networks  and  systems 


Considering  the  telecommunication  network,  it  is  important  to  t^e  into 
account  the  SeraUrJ  and  service  point  of  view,  therefore,  the  availability  concept 
seems  more  interesting  than  the  reliability  aspect  when  applying  to  the  networks. 

The  availability,  in  a  large  sense,  includes  the  aspects  of  the  reliability 
and  the  maintenance  concerning  the  maintainability  of  the  systems  as  well  as  the 
logistic  support  of  maintenance  (Figure  1). 


'•STBF  -  MEAN  TIME  BETWEEN  FAILURES  (REPAIRED  SYSTD1S) 
^^^TR  -  MEAN  TI.ME  TO  REPAIR 

alt  -  AVERAGE  LOGISTIC  TI^^E 

Figure  1 
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So,  it  appears  as  a  combined  concept  where  the  system  and  the  service  aspects 
are  included.  But  no  availability  objective  has  been  recommended  by  CCITT  as  concerns 
the  network  :  only  recently  CCIR  has  fixed  an  objective  concerning  the  radio-relay 
systems.*^ 

This  objective  can  be  far  from  the  value  relating  to  the  networks,  because 
in  some  cases  very  high  availability  values,  valid  for  the  networks,  could  be  met  using 
re-routing  techniques  of  large  assemblies  of  circuits  instead  of  systems  having  high 
intrinsic  availability. 

Really,  a  complete  study  concerning  the  availability  of  the  networks  should 
also  include  the  traffic  aspects  and  should  take  into  account  the  dynamic  management 
criteria  (e.g.  re-routing  techniques). 

U.  Availability  of  paths 

The  complexity  and  the  modern  management  of  the  networks,  based  on  the 
dynamic  operating,  easo  suggests  to  consider  the  availability  of  paths  instead  of  the 
availability  of  systems. 

So,  in  addition  to  the  maintenance  aspects  (in  a  large  sense)  covered  by  the 
availability  concept,  it  is  possible  to  take  into  accoxmt  the  structure  of  the  network, 
i.e.  the  network  redundancies,  the  distribution  of  circuits  between  different 
transmission  systems,  the  influence  of  sub-systems  outside  the  transmission  system  under 
consideration  but  indispensable  to  its  operation  (e.g.  no-break  power  facilities), 
and  the  manual  or  automatic  re-routing. 

In  fact,  it  should  be  noted  that  an  interruption,  due  to  failures  or 
maintenance  operations  concerning  an  individual  circuit  or  a  circuit  assembly,  may  not 
mean  a  consequent  interruption  of  traffic  if  suitable  re-routings  have  been  carried 
out  according  to  agreed  procedures  corresponding  to  network  planning  criteria. 

As  a  first  approach  to  the  study  of  Question  5/XVIII,  the  traffic  and  dynamic 
management  aspects  have  not  been  taken  into  account  and  a  simplified  model  could  be 
developed  on  the  basis  of  this  assumption. 

5.  Conclusions 


In  this  contribution,  attention  is  drawn  on  the  complexity  of  the  study 
relating  to  Question  5/X'/III.  As  a  first  approach,  the  strong  assumption  of  negliging 
the  traffic  concept  is  proposed  in  order  to  develop  a  reference  model  suitable  to 
define  and  evaluate  the  availability  of  paths,  taking  into  account  reliability  as  well 
as  the  maintenance  aspects. 


•)  Recommendation  llo.  557  (v'olume  IX,  Kyoto,  1973). 
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QUESTic::  ii/:r.'ii3 


^-nal'ac^erls■CiC£ 


;a_  sections 


(Continuation  of  part  of  Question  il/XVIII,  studied  in  1-77-loSo) 

a)  What  essential  coanson  criteria  should  te  established  for  all  types  of 
digital  line  sections  and  digital  radio  sections  ? 

Note  1  :  Consideration  should  be  given  to  the  need  for  digital  line  sections  and  digital 
radio  sections  to  be  interchemgeable  and  intercocnectable.  However  significant 
differences  may  exist  between  performance  characteristics  for  systems  using  different 
media. 

Note  2  :  Coordination  with  CCIR  Study  Groups  1»  and  9  must  be  undertaken  to  establish  the 
consaon  criteria. 

b)  In  which  way  should  the  existing  Recommendations  of  the  G.9xy  series  be 
amended  and  completed,  insofar  as  they  relate  to  digital  sections  ? 

c )  What  new  Recommendations  should  be  established  regarding  digital  sections 
(e.g.  using  non-hierarchical  bit  rates)  ? 

d)  What  are  the  principles  which  should  form  the  basis  for  the  detailed  study 
of  the  local  network  digital  line  transmission  systems  and  multiplexers  for  connecting 
digital  terminals  to  the  ISDN  ?  (To  include  combination  of  analogue  and  digital 
terminals  and  PABXs). 

For  each  individual  type  of  digital  line  section,  the  following  specific 
points  require  study  ; 

-  bit  rate; 

-  special  properties  (such  as  bit  sequence  independence,  or  restrictions  of 
the  bit  sequence  that  may  be  transmitted); 

-  characteristics  of  interfaces  (normally  these  should  be  in  accordance  with 
Recommendation  G.703); 

-  error  performance  (expected  to  comply  with  Recommendation  G.821  which 
specifies  the  overall  network  performance); 

-  jitter  performance  (input  and  output  jitter  as  well  as  jitter  transfer 
function;  Recommendation  G.Tf'3  should  be  observed); 

-  other  performance  parameters; 


-  availability; 

-  fault  conditions  and  consequent  actions. 
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Annex 

(to  Question 

Criteria  for  the  fault  condition  "error  ratio  1.j0~3 
in  digital  line  sections  at  20^3  kbit/s 

(Contribution  from  Federal  Republic  of  Germany) 

1  Introduction 

Th«  fault  condition  "Error  ratio  1.10"3"  in  digital  line 
•actions  at  2048  kbit/a  corresponds  to  the  fault  condition 
■Sxcaaaiva  arror  rata"  in  2048  kbit/a  primary  multiplex 
aquipmant,  iriiich  is  specified  in  detail  in  Rae.  C.  732. 

Vlth  raspaet  to  the  important  corsequant  actions  (prompt 
■alntenanea  alarm,  emission  of  AIS), it  ia  necessary  to  define 
.  a  similar  detailed  specification  for  the  fault  condition 
■Krror  ratio  1.10“3’'  in  line  sections  at  2046  kbit/s. 

Iha  fault  condition  "Error  ratio  1.10“5"  is  less  iisportant 

since  it  only  implies  a  deferred  maintenance  alarm.  Its  detailed 
specification  can  therefore  be  left  to  the  national  Administra¬ 
tions. 

2  Modifieetiohs  vlth  respect  to  Rec.  C.732 
E*«r  detecting  methed^ 

In  priifary  multiplex  equipmont,  errors  are  detected  in  the 
frame  alignment  signal;  in  digital  line  sections, errors  are 
detected  by  code  rule  violations.  The  relation  between  vio¬ 
lation  rate  and  bit  error  rate  depends  on  the  line  code, 
the  choice  of  code  rule  violations  to  be  detected  by  the  error 
detector,  and  on  the  binary  signal  pattero. 

In  actual  operation, the  statistical  properties  of  the  binary 
signal  pattern  may  be' described  by  two  limiting  cases.  If 
all  channels  are  busy, the  binary  signal  approaches  a  random 
pattern;  if  all  channels  arc  idle, the  binary  signal  approaches 
a  1010. .  .pattexn;  if  only  part  of  tha  ohaaaals  is  idla,  tha 
statistical  properties  of  the  binary  signal  art  soaawhara  bo- 
'b«en  these  limiting  cases. 
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w!;icr.  t-r.e  spccifi^atior:  should  net.  It 
rar.dor.  pattern  aoccrdir.g  tc  Reconraendatio:. 

Measuring  tlme_for_activating  the  indication^of  fault  condition 

The  code  violation  frequency  is  in  any  case  by  at  least  one  order 
of  aagnltude  higher  than  the  frequency  of  errors  in  the  fraaa 
alignment  signal.  Therefore,  the  measuring  time  for  activating 
the  Indication  of  fault  condition  can  be  reduced  to  a  few  tenths 
of  a  second  as  compared  to  the  “few  seconds"  in  G,732. 

Insensitivity  to  error  hursts 

The  error  rate  detector  in  a  line  section  should  have  the  same 
Insensitivity  to  error  hursts  as  the  error  rate  detector  and  the 
loss  of  frame  alignment  detector  of  primary  multiplex  equipment. 

In  primary  multiplex  equipment,  an  error  burst  of  up  to  four  frame 
lengths  (  £  0,5  ms)  does  not  activate  any  indication  of  fault 
condition  elnce  only  two  errors  in  the  frame  alignment  elgnel 
are  detected. 

Criteria^for^deactlvating  the  lndication_,of  fault  condition 

The  definition  of  the  criteria  for  deactivating  the  indication 
of  fault  condition  must-  take  into  account  the  argument  concerning 
the  mutual  dependence  between  error  rate,  service  alarm  and  binary 
signal  pattern,  v/hlch  la  indicated  in  Doc.  XVIII»No. 217, Appendix  4 
to  Annex  1.  ViThen  the  fault  condition  "Error  ratio  1.10"3"  is  de¬ 
tected  in  a  digital  line  section,  the  digital  path  is  taken  out 
of  service  and  the  binary  digital  signal  pattern  is  changed  into 

the  idle  pattern  (..10101...)  of  the  multiplex  equipment.  As  a 
consequence  of  this  change  of  pattern, the  error  rate  may  decrease 

considerably  and  the  indication  of  fault  condition  "Error  ratio  1,10“3 
in  the  digital  line  section  say  be  deactivated,  unless 

the  threshold  for  deactivation  is  sufficiently  low.  Ln  accor¬ 
dance  with  the  above-mentioned  document, it  is  proposed  to  deacti¬ 
vate  the  indication  of  fault  condition  not  before  the  error 
rate  has  fallen  belcv;  i.io~5. 


li,  5'sitfCt  “i  D-i^Ude— 


-  112  - 

COM  XVIII-No.  1“E 


3.  Proposed  formulation  of  G. 912. Section  I. 1.3 

X.4»1.3  Error  ratio  1.10“3  detected  by  code  rule  violations. 

I. 4. 1.3.1  Criteria  for  activating  the  Indication  of  fault 
condition: 

-  Error  ratio  £  l.io-** 

She  probability  of  activating  the  Indication  of  fault 
condition  in  a  few  tenths  of  a  second  should  be  less  than 
10-^. 

-  Error  ratio  ;ii.io~3 

The  probability  of  activating  the  indication  of  fault 
condition  In  a  few  tenths  of  a  second  should  be  higher 
than  0.93*' 

The  Indication  of  fault  condition  should  not  be  activated 
by  an  error  biorst  ^  0,5  as. 

I.4.I.3.2.  Criteria  for  deactivating  the  Indication  of 
fault  condition: 

-3 

-  Enror  ratio  >1.10 

The  probability  of  deactivating  the  Indication  of  fault 
condition  in  a  few  seconds  should  be  alaost  0. 

-  Error  ratio  >  1.10  ^ 

The  probability  of  deactivating  the  Indication  of  fault 
condition  In  a  few  seconds  should  be-  less  than  0.03. 

-6 

-  Error  ratio  <  1.10 

The  probability  of  deactivating  the  Indication  of  fault 
condition  in  a  few  seconds  should  be  higher  than  0.95. 

Note:  The  criteria  are  valid  for  a  psaudo-random  pattern 

according  to  Rec.  0.131* 


-  ..s.inzer.2::ce  =nij.osc 


■)  tkat  wrk  c«rria4  ouc  la  tka  tefiaitlea  ataga  of  tka  aafaraaaa 
gkilaaa^  telag  tka  ItMijr  farlag  tt977*lN0)  kaa  « 

*akar  of  tka  laplaaaararfaa  aagaeta  af  cka  phTInanykj  fWn  tm 
iaUaa  fi7M}t 


k)  tkae  a  «all  gaflaag  aaimta 
41xaetlaa  af  futata  aalacc 


ea  philoaoMr  «1U  fataaalaa  cka 
ca  acuilaa; 


c)  ekac  lacoMaafatlaa  C704  la  tarnapUta  (a.g.  aa  gigltal  aalccklag 
aat  algaalllag  caaalgaraclaaa) ; 

«}  ckac  eartala  aparatlaaal  aapacca  of  aacaerk  aag  traffic  — liaa 
Hat  aap  laflaaara  aalarawaara  phlloaopkp; 

a)  tkac  laplaaaatacloa  af  cka  phlloaophp  la  coaplaa  aag  raaalraa 
■apaiiia  traataaaf; 


What  is  the  overall  ratintenance  philosophy  for  digital  networks  ? 

The  following  specific  points  require  study  : 

1.  What  additional  principles  are  needed  to  ensure  that  the  maintenance 
philosophy  encompasses  all  elements  of  the  network  ? 

2.  To  what  degree  is  network  surveillance  required  to  identify  status  and 
quality  of  connections  and  network  elements  ? 

3.  What  is  the  effect  of  differing  service  requirements  on  network  maintenance 
philosophy  ? 


Annex 

(to  Question  12/mil) 


Test  sequence  to  measure  the  bit  error  rate  on  6U  khit/s  channel « 


1.  Introduction 

Tbe  tranaaisaion  of  digital  inforaation  at  a  rate  of  6k  khit/s  is  passible  via 
digital  POI  tranwission  systeas  as  well  as  via  (analogue)  carrier  frequency  aysteas. 

The  interface  for  the  digital  6i  kbit/s  signal  is  specified  in 
Recowndations  0-703  sod  0.732.  In  Figure  k/G.702  the  6k  kbit/s  digital  path  is 
illustrated.  The  hypotnetical  reference  circuit  is  described  in  Reconaendation  0.721- 

The  aodn  according  to  RecoMendation  7.36  allows  the  transaisslon  of  a  6k  kbit/s 
signal  in  a  pi !asi  j  group  in  the  frequsncy  hand  60  to  108  kHt  via  the  analogue  carrier 
frequency  traasaissi<»  syatea. 

For  hit  error  rate  aeasureaents  on  the  above  channel  a  and  their  eoAinations  the 
specification  of  a  standard  test  sequence  is  urgently  required. 


2. 


ProBO— t 


It  is  jropote^to  specify  s  pseudo-rsad<w  psttern  ss  s  test  sequence  vbicit  bss 
a  pattern  lescth  of  2'*^-!  ■  20liT  bits.  This  test  sequence  can  be  produced  by  aesas  of 
an  IX-stace  shift  register  vith  feedback  froa  the  outputs  of  the  9th  and  Uth  stage  of 
tbs  first  stage  ria  an  ezcluaiTe  OR  gate. 

It  should  be  noted  that  this  test  sequence  contains  a  aariaiw  of  10  consecutire 
*%*  bits.  Therefore  in  the  ease  of  international  testing  sbere  the  aeasureaent  includes 
systeaa  based  e»  15^^  kbit/s  it  is  necessary  to  B^ify  the  test  sequence  in  such  a  vay 
to  avoid  aore  than  7  consecutive  "O'*  bits.  The  specific  details  of  ispleaenting  this 
approach  is  left  to  Study  Group  IV 

Tmo  essential  conditions  are  aet  by  the  proposed  teat  sequence  : 

a)  The  test  sequence  is  a  maT^min  run  length  pseudo  randoc  sequence,  (which 
aeans  that  its  generating  polynoaial  is  priae  and  priaitive),  and  if  the  nuaber  of 
stages  of  the  shift  registers  in  the  scraabler  is  lets  than  that  of  the  test  sequence 
generator,  then  the  scraabler  and  the  teat-sequence  generator  cannot  have  a  conaon 
factor.  In  such  case  there  will  he  no  restrictions  with  respect  to  possible  scraabler 
configuration . 

b)  The  period  of  the  test  pattern  does  net  exceed  the  tiae  still  convenient  for 
practical  aeasureaents.  On  the  other  hand,  the  test  sequence  is  sufficiently  long  to 
closely  simulate  the  randcai  signal  being  present  in  practice. 

In  addition  to  the  randen  pattern  capability  described  above,  this  test 
equipnent  should  provide  for  fixed  patterns.  The  definition  of  these  patterns  is  under 
study. 

Since  the  proposed  test  sequence  can  also  be  used  at  bit  rates  of 
U8  kbit/s  to  72  kbit/s,  it  snould  be  considered  whether  in  view  of  the  advantages 
mentioned  above,  it  would  be  advisable  to  replace  the  test  sequence  described  in 
HeconBendation  V.57  by  the  pattern  of  2l^-l  bit  length.  In  any  case,  this  pattern 
should  be  mentioned  in  V.57  as  a  possible  alternative. 


It  should  he  noted  that  Study  Group  XVI 
pattern  of  2^-1  length. 


has  followed  the  proposed  test 


UZSTXON  1“/XVTTT 


Ispiesentation  of  maintenance  nhiioscuhv 


(continution  of  part  of  Question  U/Xv’lii,  studied  in  1977-1980) 


Considering 

that  paramatara  ladicaclog  aatwotk  pacfocaaaca  have  only  been  defined 
la  a  prellmlaery  eeener,  mora  work  will  be  required  to  chair 

llmlte  for  eenerfc  melwrewaiwe  purpoaae; 

cbet  melmreneece  cechalquea  and  procaduraa  will  be  required  for  all 
•leaamce  of  tho  digital  aanmrk; 


that  Mtaerfc  ead  ayataa  taeclag  procaduraa  should  ha  racoaaaadad  to 
oartla  the  prowisioalag  of  casclag  and  dlagaoacic  capabilitlaa  la 
ayafaaa  nd  aqulpaaac; 


rhar  ctera  la  a  aaod  to  provide  coordinated,  uBaabiguoua  alaias  and 
iadlcaeioaa  to  affieiaasly  isolate  failed  aacworfc  coapoaaata  sad 
rest ora  service; 


•}  chsc  cba  coBccpc  of  aolntcnancc  acctclaa  aod  aub-aaciclaa  saada  to  bo 
furthar  daflsad; 

f)  chat  it  ia  aacaasary  to  cnaura  a  conon  iotarpracaclos  of  tha  atlatasaaca 
philoaoph^  by  all  Study  Ctoupa  chat  ara  conccraad  with  tha  ovolutioo 
of  tha  aotaock; 

•)  that  tbaxa  la  a  aaad  to  lofora  othar  Study  Croupa  of  tha  aaiatasasce 
l^laMOtatloB  strataglaa  that  hava  oaon  appllad  to  apaciflc  aquipcaat 

facBaaaaiatloaat 

1.1  low  ahould  tha  Walataaanra  rhlloaophy  ba  iaplaaaocod  In  digital  aatvorfca 
aad  coatdlaatad  with  tha  work  of  othar  Study  CroupaT 

Tha  foUowixd  apacific  pointa  raquiro  atudy: 

5  1}  What  ara  tha  aaintananca  paraaatara,  choir  liailta,  aaaauroaant  aathoda 

aad  Chair  ralatlooahip  to  aacwork  patfomaacoT 

11)  low  CO  aaanra  parfomaaca  coapatlbllicy  for  chraaholda  aad  oparata 

Claaa  anaac  oacwlea  alataa,  aalataaaaca  alaraa  aad  ptotaccioa  awltchl^T 


111)  What  eonaidoratloaa  ahould  towata  tha  location  aad  daolga  of  aaaauriag 
aquipaaac  to  faclllcato  ovarall  aacwork  aaiacaaaaca  ud  oparacioe? 


1«)  Ubat  apacific  aacwork  aurvaillaaca  capablUCy  ahould  ba  aada  aMllabla 
for  aacwork  oparacioa  aad  aaaatawaac? 

a)  What  furthar  coaatdaracloaa  ahould  ba  glvca  to  cha  l^lawaacatioo  of 
tha  pclnciplM  of  aaiacaoaaco  anticies  aad/or  aub-aatitlaa? 

■aca_l:  SacoMaadationa  for  aaaturlat  aquipaenca  not  iMluda*  is  cha 
digital  oqulpaanc  wlU  ba  aada  by  Study  Croup  XV,  taklag  into 
account  cha  raaulca  achiaaad  by  Study  Croup  mtX  wdm:  chla 
quaatioa. 

■ote_2:  At  aoaa  fucura  data  auch  of  cha  dcCailad  work  tador  thia 

Q^cloa  ahould  ba  taidartakaa  by  ottar  Study  Croupa  (a.g.  IV, 

VII,  XI)  although  thia  aay  not  bo  approprlato  at  tha  proaaat  tiaa. 


ytjtsTIQIi  -  Intervorking  bev-ess  digitai  systet^  based  on 

{Continuation  of  Question  studied  in  1077-1960) 

What  erasures  are  required  and  what  recotsendatiens  have  to  be  :^de  t 
enable  interworking  between  digital  systeas  based  on  different  standards  ? 

The  following  specific  points  require  study  : 

Point  a)  -  Conversion  between  different  encoding  laws  in  prisary  ?0!  sssltinler 
equipr^nt  (as  specified  in  ?.eco=er.dation  G.711J  taking  into  acco’ont  the  possib 
of  oh  kbit/s  paths  for  signals  other  than  telephony. 


Point  b)  -  Conversion  between  different  frane  straotures  of  pri^ay  PCM 
equipment  (as  specified  in  r.scomendatisns  G.73Z  and  G.733)  and  between 
erder  aultipiex  equipsant  as  specified  in  Pesjnner.datians  C.Ti'? 


»i  xt 


-  Il6  - 

COM  XVIII-Ko.  1-E 

Note  2  :  In  undertaking  this  study,  there  are  r.any  detailed  questi-ns  which  rust 
addressed  (see  Annex  l).  The  results  of  th  studies  undertaker,  i.n  t.ne  1'577"1-PC' 
study  period  should  be  considered  (see  Annexe-  2  and  3).  Close  cooperation  is 
required  with  CCIR  Study  Group  (see  A;inex  1)  and  witn  C-'ITT  S'udy  Iroups  VII, 
XV  and  XVII  (see  Annexes  2  and  h>. 

Annex 

(to  Question  ll»/XVIII) 

Detailed  Questions  for  further  study 


The  following  list  of  questions  includes  those  raised  in  the  1977-1980  Study 
Period,  since  all  items  were  continued  for  further  study.  New  items  have  also 
been  added;  as  identified  in  that  study  period. 

These  questions  are  based  on  the  satellite  consnunlcatlon  link  layout  on 
Figure  1,  as  well  as  on  the  definitions  of  Type  1  and  Type  II  Satellite 
Systems.  These  system  types  are: 

I.  A  system  wherein  a  15^^  kbit/s  or  a  20b6  kblt/s  signal  is  in  essence 
carried  transparently  to  the  other  end  of  the  satellite  link  without 
processing  of  bits  internal  to  these  bit  streams.  This  type  of  system 
may  not  include  Time  Division  Multiple  Access  (TDMA)  function,  or  it 
may  include  a  TDMA  function  transmitting  CCITT  standard  (e.g.,  Ijl*!* 
or  20148  kbit/s)  signals. 

II.  A  system  wherein  151*1*  kbit/s  and/or  20l*8  kbit/s  signals  are  subjected 
to  processing  demultiplexing  the  primary  multiplex  signals.  The 
multiplex  conversion  function  is  expected  to  be  performed  at  one 
or  both  Direct  Digital  Interface  Equipments  (ddIEs). 

Some  of  the  questions  requite  input  from  other  CCITT  study  groups  and  from  CCIR 
Initial  queries  to  these  groups  were  made  In  1979  (CCITT)  and  1980  (CCIR). 

A.  Questions  relating  to  Type  I  Systems 

1)  Where  should  the  MSC  be  located,  and  why? 

a)  A-law  country-  p-lav  country,  or  either? 

bl  International  exchange  or  earth  station  site? 

ii)  What  is  an  appropriate  MSC  capacity? 

a)  Is  a  2l*-channel  to  30-channel  MSC  (i.e.,  a  single  system  of  each 
Standard)  needed?  If  so,  should  the  remaining  six  channels  in  the 
30-channel  system  be  unused? 

b)  What  combinations  of  primary  multiplex  levels  should  be  provided 
(e.g.,  120  channels  representing  four  30-channel  systems  and  five 
2l*-channel  systems)? 
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iii*  Wherr  should 
country  ? 


fror.  |j-lav  conversion  oe  nanaiec  ir.  tne  )j-_av: 


a)  In  the  or  externally  ? 

b)  At  the  international  exchange  or  earth  station  site? 

iv)  What  synchronization  requirements  are  to  be  considered  when  using 
the  MSC? 

v)  Should  it  be  possible  to  include  a  digital  speech  interpolation  (DSl) 
function  in  Type  I  systems?  If  so,  where  should  this  function  be 
added?  What  answers  (if  any)  change  as  a  result  of  adding  this 
function? 

B.  Questions  relating  to  Type  II  Systems.  (Answers  may  vary  depending  upon 

particular  Time  Division  Multiple  Access  (TDMA)  plans.) 

i)  Are  there  any  special  multiplex  conversion  problems  when  using  Type  11 
Systems?  If  so,  what  are  these?  Are  Recommendations  required? 

ii)  Should  A-law  to/from  u-law  conversion  be  done  in  the  earth  station 
equipment  or  in  the  international  exchange  in  the  p-law  country? 

iii)  Do  any  special  synchronization  problems  arise  in  the  CCITT  recommended 
systems?  If  so,  what  are  these  problems,  and  how  might  they  be  solved? 

• 

iv)  Should  it  be  possible  to  include  a  digital  speech  interpolation  (DSI) 
function  in  Type  II  systems?  If  bo»  where  should  this  function  be 
added?  What  answers  (if  any)  change  as  a  result  of  adding  this 
function? 


General  questions 

i)  What  signalling  means  will  be  utilized  to  determine  that  particular 
channels  are  carrying  voice,  voiceband  data,  or  digitally  generated 
data  service?  (Note;  this  information  is  needed  wherever  the  A-law 
to/from  p-law  conversion  is  to  take  place,  as  well  as  whenever  other 
special  actions  must  be  taken  -  see  the  next  three  questions.) 

Should  these  signalling  systems  be  either  common  channel  or  channel- 
associated,  or  a  combination?  If  channel  associated,  should  analogue 
(e.g. ,  FCM-encoded  sinusoidal  signeds)  means  be  included? 

ii)  What  other  processing  may  be  needed  for  channels  carrying  voice  services 
in  these  systems  (e.g.,  echo  suppression  or  cancellation)? 

iii)  What  special  measures  may  be  needed  for  channels  carrying  voiceband 
data  services? 

iv)  What  transformations  may  be  needed  for  channels  carrying  digitally 
generated  data  services? 
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v)  What  transformations  may  he  needed  for  channels  carrying  CCITT- 
reconsended  signalling  systems  signals? 

vi)  Will  other  methods  of  encoding  than  standard  A-law  or  p-lav  PCM  be 
utilized  for  voiceband  services  on  satellite  linkc?  If  so,  what 
impact  vlll  these  have  on  the  system  and  on  the  answers  to  other 
questions? 

vli)  What  alarms  and  related  system  Information  should  be  transferred  across 
the  interface?  What  algorithm  should  be  used?  What  action  should  be 
taken  at  the  earth  station  and/or  at  the  international  exchange  with 
alarms  generated  at  the  opposite  end  of  the  link?  (Note:  20t8  kblt/s 
systems  can  transmit  alarms  in  time-slots  0  and  16. ) 

vili)  What  special  maintenance  approaches  are  appropriate  for  the  systems 
postulated?  Should  the  satellite  and  the  two  terrestrial  links  be 
considered  separately  for  ulntenance  purposes? 

lx)  Should  n»6l4  kbit/s  services  be  carried?  If  so,  what  special  problems 
arise  and  how  may  they  be  solved? 

x)  Are  there  known  interworking  incompatibilities  between  any  user 
services  (e.g. •  direct  digital  data)  specified  or  contemplated  for 
the  two  hierarchies?  If  so,  what  are  these  and  how  might  the  in¬ 
compatibilities  be  resolved? 

xl)  Should  31-channel  versions  of  the  20I48  kblt/a  system  (l.e.,  systems 
using  time  slot  16  for  service)  be  considered?  If  so,  what  changes 
suy  be  needed  in  the  answers  to  the  previous  questions? 

xii)  In  some  situations,  a  country  using  one  primary  multiplex  standard  may 
receive  via  satellite  signals  encoded  in  a  format  nonstandard  in  that 
country,  transport  these  signals  (perhaps  at  considerable  distance,  end 
perhaps  through  international  exchanges)  to  a  second  earth  station,  and 
retransmit  these  signals  to  a  third  country  using  the  original  format. 

In  these  situations,  should  recoding  be  allowed?  If  net,  what  arrange¬ 
ments  should  be  considered  for  providing  this  service?  What,  if  any, 
is  the  impact  on  the  answers  to  other  questions? 

xili)  With  some  choices  of  answers  to  the  previous  questions,  a  terrestrial 

link  (Figure  l)  may  either  require  a  20i«8  kbit/s  system  in  a  1$1«1<  kbit/s 
country  (or  vice  versa),  or  require  a  nonstandard  system  (such  as  A-law 
encoding  -  with  zero  suppression  difficulties  -  on  13i<^  kbit/s  facilities). 
Should  such  facilities  be  allowed?  If  so,  how  should  they  be  specified? 

Should  they  be  standardised  for  terrestrial  link  use? 

Note  :  Answering  some  of  these  Questions  requires  interaction  with  CCIR.  To  further 
this  process,  a  communication  was  sent  from  CCITT  Study  Group  XVIII  to  CCIR  Study  Group  U 
at  the  end  of  the  1977-1900  study  period.  The  text  of  this  communication  is  appended 
to  this  Annex. 
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ftor-o  nai.< 


t to  Annex 


Coninuni cation  fron  CCITT  Study  Grotio  to  Stuny_ 


Whereas  CCIR.  at  its  XIVth  Plenary  Aasembly  in  Kyoto  1978,  adopted  Opinion  57 
and  Report  707.  with  portions  of  these 

links  involving  the  interv  ^rking  of  countries  using  the  151*1*  and  201.8  kbit/s 
hierarchies,  CCITT  Study  Group  XVIII  asks  CCIH  Study  Croup  1*  : 

1  To  infona  CCITT  Study  Grov^  XVIII  whether  CDIE  equipment  (specified  by 
CCIR;  see  e.g.  Opinion  57)  will  always  include  the  function  of  r^semWing  the 
primary  multiple  signal  used  in  the  receiving  couatiy  (aa  allied  by  Section  3-1 
Ld  3.2  of- Report  707).  or  whether  there  are  also  contea^ldted 

151*1*  kbit/s  or  a  201.8  khit/s  signal  is  in  essence  earned  tr^parently  ^hro^  -he 
satellite  link  without  processing  of  hits  internal  to  the  prima^  multiplex  bit 
stremn,  with  multiplex  system  conversion  to  be  performed  by  equipment  specified  by 

CCITT. 

2  To  inform  CCITT  Study  Group  XVIII  whether  digital  speech  interpolation  (KI) 
ftinetions  are  likely  to  be  incorporated  and,  if  so.  whether  the  DSI  faction  «11  be 
incorporated  in  the  direct  digital  interface  equip^snt  (K)IE),  in  equipment  which  wiU 
be  l^ated  on  the  side  of  interface  *A”  (see  CCIH  Opinion  56)  containing  equi^nt 
specified  by  CCITT,  or  on  either  side  of  interface  "A"  depending  ^pon  the  application. 

3,  To  consider  the  impUcations  of  the  answers  to  p.-ints  1  and  2  re^  to 

the  ultiamte  need  to  specilV  similar  functions  on  both  sides  of  interface  /for 
^ffSerSp^cations  «d.  if  such  a  need  is  perceived,  to  suggest  mechanisms  whereby 
the  recoiamendations  developed  by  CCIR  and  by  OCTIt  be  kept  consistent. 

U  To  inform  CCITT  Study  Graap  XVIII  if  any  systems  are  postu^ted  in  ^ch 

CCIH  specified  equipment  will  modify  the  code  of  PCM-encoded  voice  signals  and.  i*  so. 
o?th^^^tSe  of  the  new  code  «.d  of  any  impairments  expected  to  voice  -ad  voiceb^id 

data  signals. 

5  To  inform  CCITT  Study  Group  XVIII  if  there  is  any  contemplated  difficulty  in 

meeting  the  sUp  performance  for  plesiochronous  interworki^  “  qj 

RecorniMndation  G.822.  It  is  expected  that,  in  oraer  to  nee.  t.,e  .eq>..re„e...s 
Recosoendation  G.822,  high-accuracy  clocks  in  accordance  with  Recosiaendation  G.811  wi.l 

he  required. 


Study  during  1977-1980  of  interworking  between  two  countries  using  different 
primary  multiplex  standards  concentrated  on  satellite  applications.  Host 
contributions  responded  to  some  portion  of  the  detailed  questions  raised 
by  the  Rapporteur.  In  the  discussion  below,  reference  is 
made  to  the  corresponding  questions  carried  over;  see  Annex. 

Responses  to  the  basic  questions  regarding  location  of  the  A/y  law  converters 
and  of  the  multiplex  system  converters  are  summarited  in  Table  1.  With  re¬ 
gard  to  the  remaining  questions,  the  following  comments  may  be  made: 

Question  A  ii):  Several  contributions  mentioned  Multiplex  System 

Converter  (MSC)  capacity.  The  proposals 
ranged  from  inefficient  2b-30  channel  system  interfaces  (at 
least  for  early  satellite  systems  or  those  witii  small  cross- 
sections)  to  120-channel  (5  *  2b  and  b  *  30)  interfaces,  to 
the  possibility  of  future  higher  cross-section  interfaces. 

Question  A  iv):  The  contributions  suggested  no  special  synchronization  re¬ 

quirements  when  the  countries  connected  utilize  synchronous 
national  networks;  interworking  is  then  plesiochronous.  In 
tlie  ease  wherein  slip  tyi>e  DPIEs  are  employed  in  a  satel¬ 
lite  system  which  is  timed  to  clocks  of  low  accuracy,  higli 
slip  rates  will  probably  result.  A  CCIR  report  described 
general  requirements  on  buffers  associated  with  system  in¬ 
terfaces.  Both  CCIR  and  KPP  mentioned  the  functions  of 
Justification  and  slip-type  PPlEs. 

Discussion  on  this  point  emphasized  the 
preference  of  CCITT  Study  Group  XVIII  that 
interworking  between  digital  terrestrial  and  satellite  links 
be  plesiochronous,  using  high  accuracy  clocks  to  provide 
satellite  TPHA  timing.  Some  Administrations  noted  that 
satellite  earth  station  equipments  may  have  difficulty  gain¬ 
ing  access  to  highly  accurate  national  clocks  and  may  not 
be  able  to  afford  their  own  highly  accurate  clocks. 

Question  B  i):  No  particular  problems  with  implexenting  Type  II  systems 

were  identified. 

Question  B  iii)  :  Synchronization  comments  are  similar  to  those  in  Question  A  iv). 

Question  C  i)  :  The  only  substantive  input  regarding  signalling  was  received  from 
Study  Group  XI,  which  indicated  that,  in  accordance  with 
Recommendations  Q.7  and  Q.llO,  CCITT  Signalling  Systems  Nos.  5,  6 
and  7  emd  R1  and  R2  can  be  operated  with  circuits  including 
satellite  links.  Of  these,  only  .signalling  systems  Nos.  6  and  7  can 
offer  the  required  additional  signalling  capacity  for  meeting  the 
requirements  imposed  by  alternate  voice  and  data  applications; 
however,  these  additional  functions  do  not  yet  appear  in  the  existing 
Recommendations,  Study  Group  XI  has  proposed  two  Questions 
(Q.2/XI  and  Q.3/XI)  for  addressing  these  issues  for  signalling 
system  N'o.  7  (which  according  to  Hecemmendation  Q.7  is  the  preferred 
system  for  interexchange  signalling  in  the  IDIi  and  ISDN)  in  the 
l?8l-198b  study  period. 
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Study  Group  XVII  also  noted  the  importance  of  providing  a  means  of 
differentiating  between  the  various  types  of  ISDH  services  to  control  telephone 
eujcilliary  equipment  when  interworkinr;  between  ISDNs  based  on  different  PCM/TDM 
standards . 

Question  C  11):  Other  types  of  processing  that  may  be  needed  for  channels 

carrying  voice  systems  have  been  identified,  including: 

-  echo  suppression  or  cancellation 
•  digital  speech  interpolation 

-  inversion  of  bits  3.  5.  7  (J  transformation  of  Figure  1, 
Annex  3):  substitution  of  00000001  for  00000000  (Z  operation 
of  Figure  1,  Annex  3) 

Questions  C  ill)  Other  types  of  processing  that  may  be  needed  for  channels 

and  C  Iv};  carrying  nonvoice  systems  have  been  identified.  Including: 

-  substitution  of  00000001  for  00000000  (Z  operation) 

-  inversion  of  bits  3.  5.  7  (J  trsnsformation ) 

-  inversion  of  all  bits  (I  transforaatlon  of  Figure  1, 

Annex  3)  and/or  inversion  of  bits  3,  5,  7  (J  trans¬ 
formation)  for  CCITT  Signalling  System  Mo.  7 

-  possible  digital  proeaasing  {SC  VII  comacnt) 

Voiceband  data  and  direct  digital  data  both  may  need 
processing  different  from  voice  and  different  from  each  oth 
Refer  to  Annex  b,  which  identifies  Study  Group  VII  concerns 
and  specific  questions  in  this  area. 

In  addition,  it  was  noted  that  digital  speech  interpolation  equipment, 
if  used,  may  alter  the  emswers  to  some  of  the  questions. 

It  is  clear  that  close  cooperation  is  needed  between  Study  Croups  VII, 
XI,  XVII  and  XVIII  to  allow  progress  in  the  study  of  the  interworking  question. 
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TABLE  1 


Sumary  of  inputs 


Rote  3 
X 


Teleglobe 


Location  of  A/y  converter 

A.  Cou&tiy 

-  y-lair  (per  G.711) 

B.  Site 

>  earth  statioa  X 

-  transit  centre 

-  either 

jjocation  of  ICC 

A.  Country 

-  k-lK* 

-  y-law  X 

-  either  or  both 

B.  Site 

-  earth  etation  X 

-  transit  centre 

-  either 

C.  runctional  integration 

-  into  equipment  covered 
by  CCITT 
p.eccmaendations 

-  into  equipment  covered 
by  CCIB 

Recoiasendati  ons 

-  into  equipment  covered 
by  either  CCITT  or 
CCIR  Recommendations 


Rote  1  :  The  MSC  should  be  located  in  the  U-law  countnr  if  tte  satelUte  system 
a  fully  standard  A-lau.  20«3  kbit/s  signal  as  specified  in 
RecoBsendations  G.711  and  G.732. 


X 

Rote  1* 


Rote  2  :  The  MSC  function  could  be  located  in  either  or  both  entries  if  the  satellite 
sy'st«  transmits  a  signal  net  meeting  the  constraints  of  Rote  1. 

Rote  3  :  The  K'V  converter  could  be  located  in  the  earth  statioa  if  DSI  equip^nt  is 
also  located  at  the  earth  station. 
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A;iI!-x  s 

(to  Question  l!i/XVIIl) 

Interworking  between  two  atai.iiaru.i  ccKSid^rimT  voice  and  data 


1.  Introduction 


This  Annex  is  sn  exsaple  of  ea  approach  aseting  soae  of  the  interworking 
prableas.  As  such,  it  is  considered  worthy  of  further  study,  along  with  other  possit 
solutions  which  aay  be  proposed.  In  particular,  it  is  iaportant  to  note  that 
Study  Group  XI  has  requested  that  Study  Group  XVIII  search  T'.r  a  solution  to  the 
interworking  problen  which  accoaplishes  all  necessary  transforaations  at  one  location. 

•  *  * 

Ib  the  recainder  of  this  annex,  one  possible  interworking  configuration 
between  an  A-law  country  and  a  u-law  country  is  investigated.  A  new  aethod  with  a 
single  code  conversion  is  introduced  to  solve  the  basic  problem  of  applying  the 
A/u  conversion  to  voice  signals  but  not  to  digital  data  signals,  while  suppressing  the 
consecutive  all-zero  pattern  on  IS^l*  kbit/s  transnission  links. 

2.  Requirements 

The  following  items  need  to  be  considered  : 

1  For  digital  data  signals,  the  A/u  and  u/A  conversions  must  be  removed,  hecau.-se 
the  conversions  are  not  uniquely  reversible. 

2.  The  all-zero  word  (8  bits)  may  be  inhibited  on  15****  kbit/s  transmission  links. 

3.  The  A/U  converter  may  be  located  in  the  U-law  country  and  its  preferable 
location  is  the  gatew^  switch  (except  in  the  case  that  the  DSI,  which  needs 
voice  channel  identificatlcn ,  would  be  located  at  the  earth  station). 

*t.  The  H5C  (Multiplex  System  converter),  which  imy  be  located  at  the  earth 

station  of  either  the  Arlaw  or  u-law  country,  should  preferably  perforr  tTe 
same  conversion  without  distinguishing  between  voice  and  data. 

5.  The  deficiency  caused  by  the  interworking  shall  be  ainiaized,  althou^  it  cm 
not  be  avoided  perfectly  because  of  the  all-zero  restriction. 

3.  A/u  converter 


Before  detailed  discussions  the  bit  inversicxi  process  related  to  the 
conversion  should  be  clarified. 

It  is  understood  that  the  so-called  even  bit  inversion  operation  is  for  puj  f 
descriptive  purposes  in  the  OCm  Recexmaendations.  It  is  cmly  a  logical  process  witi 
the  Arlaw  codec.  (See  Rote  2  of  Tables  la  and  lb  in  Recomaendation  C.711,  and  Rote  : 
of  Section  1.1  in  Hecciiendation  G.732.)  Therefore,  it  is  taken  for  granted  in  th 
following  considerations  that  this  even  bit  inversion  is  included  in  the  A/u 
converter  as  an  internal  logic. 
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u.  Iniervorkins 

Feature  :  Introduction  of  the  Z  operation  (by  uhich  the  code  "OOOOCOOC"  is 
replaced  by  "OODOOCX}!**  but  others  are  not  changed)  to  avoid  the  transmission  of 
all-zero  word  on  13^^  kbit/s  transmission  links  and  the  J  operation  (by  which  3rd,  3th 
and  7th  bits  of  each  word  are  inverted)  to  minimize  decoder  distortion.*) 

fionmtents  : 

i)  u  to  A  direction 

There  is  no  problem  if  the  all-zero  word  is  inhibited  on  13^^  kbit/s 

transmission  links  in  the  u~law  country. 

ii)  ’  A  to  u  direction 

Qie  A-law  character  signal  and  one  digital  data  signal  are  subjected  to  the 

following  distortion  : 

-  The  A~law  character  signal  "OOIOIQIO''  (decoder  output  value  nutsber  in 
Arlaw  =•  -128)  is  converted  into  the  code  "OOOOOOOl"  by  the  J  operation 
and  the  Z  operation  at  the  MSC,  and  then  into  the  ti-law  character  signal 
"OOOOOOOl"  (decoder  output  value  nuaber  in  p-law  *  -126}  by  the 

J  operation  and  the  A  u  conversion  at  the  gateway  switch  in  the  u-law 
eountty  (see  Table  l). 

-  The  data  signal  "OOCOOOOO"  in  the  A-law  country  is  converted  into 
"OOOOOOOl"  in  tl»  h-Iaw  couotxy. 

-  BcMever,  this  distortion  does'  not  aake  the  matter  worse  since  the  p-law 
character  signal  "00000000"  (decoder  output  value  number  in  v-law  >  -127) 
which  Corresponds  to  the  A*latw  character  signal  "00101010^  (decoder 
output  value  ntaber  in  A-law  >  -128),  and  the  digital  data  signal 
"OOOOOOOO"  would  he  inhibited  m  13Ut  kbit/s  transmission  links  in  the 
li-law  country  in  aqy  case. 


In  Figure  1,  the  other  equipment  related  to  interworking  is  also  described. 
For  instance,  echo  suppressors  should  be  removed  for  voiceband  data  signals  and 
digital  data  aigials. 


•)  The  desirability 


of  incorporating  the  J-code  operation  shoiild  be  studied  furthe 
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y-la«  code 

{-12T5  00000000 
(-126)  00000001 


Relaticn  Let  -een  the  c.  ae:: 


A~law  code 


(-128)  OOlOlOlC 
(-127)  00101011 


Osde  converted 
with  J  operation 

00000000 
>  00000001 


(  -85)  00101010 
(  -Sk)  00101011 


(  -86)  00000000 
(  -85)  OOOOOCOl 


00101010 

00101011 


{  -3)  01111100 

(  -2)  01111101 

{  -1)  01111110 

(  -0)  01111111 


(  -2)  OiClOlOG 


(  -1)  01010101 


OlilllK 


Olllllll 


(  )  :  Deccder  output  value  nunber  of  each  encoding  law  (see  CCITT  Reconssendation  C.711). 
5.  Data  link  for  CCiTt  Signalling  System  So.  7 


Since  the  tranaiussion  process  of  CCITT  Signalling  Systcft  lo.  7  can  avoid 
long  zero  strings  with  inversion  of  all  bits,  it  was  agreed  in  WcrKing  Party  2  of 
CCITT  Study  Grotq>  XI  that  for  a  6U  kbit/s  signalling  link  in  the  u-law  country  the 
inversion  should  he  applied;  however,  in  the  A- law  country  it  should  not  be  applied^ 
The  process  for  intezvorking  between  the  two  countries  was  not  clearly  defined  /  !_/ 

KDO  prxjposes  that  the  inversicn  should  be  applied  in  case  of  interworking 
between  countries  using  different  standards,  and  that  the  inverters  should  be  placed 
at  the  gateway  switches  of  both  countries.  If  so  arranged,  the  ^EC  need  not  recognise 
the  signalling  channel  and  this  channel  can  he  handled  as  on  ordinary  data  channel. 

Also  the  all-zero  word  problem  on  15^^  kbit/s  transmissi-vi  links  between  the  gatew^ 
switch  in  the  W-low  country  and  the  tCC  is  solved. 

The  configuration  is  also  shown  cn  rie-**®  particularly  ocscrve  r.o.e  b). 
6.  Concluaion 


The  interworking  configuration  described  in  Figure  1  is  proposed  to  meet  the 
interworking  requirements.  A  method  of  interconnecting  signalling  links  for  CCITT 
Signalling  System  Mo.  T  is  also  proposed.  In  this  proposal,  the  tCC  need  not  identify 
whether  voice  or  data  is  csrried. 

the  insertion  or  removal  of  bit  operations  is  required  at  the  gateway 
switches  of  both  sides  according  to  the  services.  Bcwever.  this  kind  of  control  is 
necessary  anyhow,  a.g.  for  echo  suppressors. 

The  proposal,  therefore,  is  considered  to  be  worthy  of  further  study  as  ^ 
possible  solution  to  the  problems  of  interworking  between  two  stwidarda. 

BIBLIOGRAPHY 

Contribution  Ho.  2U5  (Working  Party  Xl/2).  (Report  cn  the 
meeting  held  in  Geneva  from  22-26  January,  Part  V, 

Section  2.3) 


1.  CCITT  crai  XVIII 

Study  Period  1977-1980 


Mulll|»l«x  Cenvirltr 


Figure  1  -  TntervorKing  configurati cn 


studied 


{continuation  of  Question  6’XVIIi, 
Considering 


in  1977-1980) 


(a)  That  Intarface  apaciflcacloaa  are  oeccaaary  to  Interconnect 
digital  aatwork  coaponanta  (line  aectiona,  aultiplaz 
aqulpaant)  to  fon  an  intamational  digital  path. 

(b)  tbac  ictnraatloaal  digital  pacha  can  be  incercoonected  through 
digital  avitching  aquipaant  and  cecainated  in  digital  tarainal 
aqulpaant  to  fora  an  lacamational  digital  connection* 

(c)  That  an  Intarnatlonal  digital  path  and  an  international  digital 
coanaecion  provida  for  tha  cranaaiaaion  of  a  digital  signal 
(bits)  at  a  apaclfl^  hiararchical  bit  rate,  Indapaodant  of  the 
aanrica  carried  hj  the  digital  signal. 

(d)  Thac  to  aaaura  tte  iatarconnaccion  of  network  coaponanta  for 
ct^  traasBlasiea  of  digital  signala  (blta)  it  is  auffielant  to 
apacifp  pbpaleal.  faaetional  and  electrical  charactarlstlcs  of 
the  iatarfaca* 

(a)  That  aapafita  of  digital  iaterfacee  relating  to  the  cMtnt 

(a.g.,  ai^alliag  protocola)  of  the  digital  signal .  craa^itted 
aaar  the  iatarfaca  are  dealt  with  la  other  Quaatlcna  of  SCmtl 
or  bf  these  scadp  gcotq»a  coacamad  with  tha  aarslca  arrlad  bp 
the  digital  slf^* 

(f)  That  lacoawadatloe  C*703  specifics  digital  laterfacas  for 
latarcoaaMtlM  of  digital  network  cowpooeets  at  hierarchical 
bit  tatas  aelp* 

(g)  That  latarfacaa  at  hiararchical  bit  rates  lor  purposes  other 
than  dlractlp  ^osldiag  traasaissioe  iocsrcooaacclaa  oa  as 
lataraatloaal  digital  cooMctlM  (c.g*.  tlaiag  coatrol 
distrlbutloe}  asp  r^ulra  specificatloa* 

{h)  Tint  letoaf  ndstioa  C.7C3  Is  referred  to  la  other  lacoMSBd- 
atloaa  oe  lias  osctlMs  aad  on  tarainal,  aaltiplax  aad 
awltchlag  aqalpaaat. 

(1)  That  iatarfacM  as  aoaHiiararchlcal  bit  rataa  tiiali  ba 
apaclflad  la  ^  relatmt  aqulpaant  racoMafidstioaa. 

(J>  That  tha  eseli^loa  of  digital  tecteologp  aap  taqulra  tte 

apMlf  icati^  of  hiararchical  laacla  at  bit  rates  other  ttese 
apaclflad  «  pmmt  la  Iscosasadacloa  -C.TOl. 

(k)  that  far  aOaa  latarfwaa  of  lacosaindsttw  C*703  tha  salwM  for 
Jitter  r^^lra  fcrthar  atudp  aad  for  other  iatarfaca  ^  a^ 
for  Jitter  specif Icatloa  a^  If  sagreprlata  tlM  aalaaa  for 
Jitter  hawa  M  ba  astabllsbad. 
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1.  Should  interfaces  other  than  those  specified  in  Recommendation  G.703  be 
recommended  7 

2,  Vh«C  charactarlstlct  ahould  b«  recomendad  for  the»« 

Intarfacae,  including: 

-  Elactrlcal  charactarlatlca 
*-  Funccloiul  characcarlfcica 
**  Phyalcsl  characearlaelca 

~  Anjr  caatricclona  on  cha  digital  signals  croaalng  tna 
inta''fe.'’.a> 

3>  For  Intarfacas  praaancly  quotad  in  Lscomandation  G.703: 

-  Is  there  a  need  for  additional  specifications  for  jitter  and  vander  7 

-  If  BO.  what  values  should  be  specified  7 

What  is  the  impact  that  new  transmission  media  (e.g.  optical  fibres)  will 
have  on  interfaces  7 

QUESTION  16/XVIII  -  Performance  characteristics  of  PCM  channels  at 
audio  frequencies 

(Continuation  of  part  of  Question  8/XVllI,  studied  in  1977”19BO) 

Considering 

-  that  some  specification  items  in  the  Recommendations  G.711  ond  G.712  need 
to  be  completed; 

-  that  within  a  widespread  digital  network,  it  is  envisaged  that  a  telephony 
connection  will  ultimately  require  only  a  single  encoding/decoding  process  for  earh 
direction  of  transmission; 

-  that  independent  encoder  and  decoder  will  be  incorporated  in  each  telephony 
connection  and  thus,  separate  transmit  and  receive  side  specifications  at  audio 
frequencies  are  needed; 

-  that  for  application  in  local  area  or  with  digital  exchanges,  provision 
for  2“wire  analogue  interface  should  also  be  considered; 

a)  What  modifications  to  existing  Recommendations  G.711  and  G.712  should  be 
made  7  For  exao^ile,  the  value  for  longitudinal  balance  should  be  studied  and 
specified.  Also  the  necessity  fer  the  digital  sequence  for  reference  frequency  and 
the  necessity  for  high  pass  filtering  in  analogue  to  aigital  converters  should  be 
studied. 

b)  What  are  the  values  and  limits  to  be  specified  for  the  audio  frequency 
performance  characteristics  of  PCM  channels  measured  at  the  2-wire  point  7 


c)  What  are  the  values  and  limits  to  be  specified  for  the  per.|‘ormance 

characteristics  of  PCM  channels  at  audio  frequencies  when  the  transmit  side  and  receive 
side  are  measured  separately  7 

{jote  1  :  The  measuring  method  for  longitudinal  balance  is  under  study  in  Study  Group  I\ 
Study  Group  XVI  is  also  studying  this  matter. 

Note  2  :  With  respect  to  the  digital  sequence  for  reference  frequency, 

Recommendation  0.101  should  also  be  considered. 
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Annex  1 

(to  Question  l6/>rVTII) 


The  item  contained  in  paragraph  !*,3  of  Recommendation  G.712  (longitudinal 
balainoe)  was  discussed  taking  note  of  COM  XVIII-No.  77  (FRG)  and  COM  XVIII-Ro.  271 
(Canada-ENR) .  These  two  Contributions  are  appended  to  this  Annex. 

Study  Group  r/III  identified  the  urgent  need  to  determine  the  values  for 
longitudinal  balance  as  well  as  the  corresponding  measuring  method.  Although 
Study  Group  IV  is  aware  that  a  figure  for  longitudinal  balance  can  onljt  be  given  if 
the  corresponding  measuring  method  is  clearly  defined,  a  specification  for  the 
measuring  method  does  not  exist  as  yet.  For  this  reason,  it  is  proposed  that 
Study  Group  IV  should  pick  up  this  matter  during  the  next  study  period  and  prepare  a 
Recommendation  concerning  the  measuring  method  of  longitudinal  balance  on  equipment 
inputs  and  outputs. 

In  view  of  this  situation,  it  seems  not  to  be  advisable  to  complete 
paragraph  U.3  of  Recommendation  G.712  still  during  the  current  study  period. 


pendix  1 


(to  Annex  1  to  Question  I6/XVIII) 


Amendment  of  Recommendation  G.712  ;  Specification  of  impedance  unbalance 
(Contribution  from  the  Federal  Republic  of  Germany) 


Background 


Item  1*.3  in  Recommendation  G.712  is  designated  since  1972  as  being  "under 
study".  However,  no  contribution  has  since  been  presented.  Nevertheless  it  is 
desirable  to  complete  G.712  in  this  resi>ect. 


"If. 3  Impedance  balemce  ratio 

The  impedance  balance  ratio,  measured  by  means  of  the  circuit  defined  in 
Recommendation  0.121,  Fig.  1,  should  not  be  less  than  U6  dB  in  the  range  300  to 
3lf00  Hz." 


The  term  "longitudinal  balance",  so  far  employed  in  Recommendation  G.712,  is 
rarely  used  in  CCITT  publications.  Instead,  "impedance  balance  ratio"  is  used  in 
Recommendation  0.121.  Other  terms  eu:e  employed  elsewhere.  An  ad  hoc  Working  Party 
of  Study  Group  V  and  Study  Group  XVI  (London,  December  1975)  has  proposed  a  set  of 
new  terms  in  respect  of  unbalance  (cf.  Doc.  COM  XVI-No.  7)  the  discussion  of  which  in 
Study  Groups  V  and  XVI  is  not  concluded. 


(22) 
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3.2  Practical  usefulness 


The  method  prescribed  in  Recommendation  0.121  is  veil  established  and  is 
used  in  existing  commercial  measuring  equipment.  The  lEC  recommends  the  same  method 
for  impedance  unbalance  measurements  in  the  field  of  electro-acoustics 
(lEC  Publ.  268-3). 

3.3  numerical  value 


With  respect  to  possible  cross  Ik  due  to  impedance  unbalance,  the  values 
of  unbwj.ance  of  connecting  cables  in  a  stacion  are  of  more  importance  than  those  of 
t-he  audio-frequency  terminals  of  a  PCM  multiplex  equipment.  Accordingly,  for  the 
latter,  a  value  of  1*6  dB,  as  stated  in  Recommendations  K.IO  and  Q.l*5,  will  be 
sufficient.  It  does  not  seem  necessary  to  relax  the  requiraaent  in  the  range  300  to60C 
Hz  as  in  Recommendations  K.IO  and  Q.l»5  since  G.712  relates  to  four-wire  ports  where 
problems  with  feed  coils  do  not  eu'ise. 


Appendix  2 

(to  Annex  1  to  Question  16/XYIII) 


Proposal  for  longitudinal  balance  specifications  for  inclusion  in  Recommendation  0.712 
(Conti-ibution  from  Canada  :  Bell  Northern  Research) 


Abstract 


Dila  coatrlbutioa  propoacs  a  act  of  values  and  Che  associated  teat  n  od 
for  longltudloal  balance  for  Incluaion  In  Sscoaaaendatlon  G»712> 


Int  r  eduction 


In  Cha  prallainary  reply  to  Queetlon  9/XVXII  (COM  XVIXl-Mo>234,  Period 
1977-1980)  Working  Party  ZVIII/2  atressed  the  need  to  coaplece  Recosoendatlon  C.712 
during  the  current  study  period.  One  of  che  Icema  preaently  under  atudy  In 
Bscoamendeclon  G,712  la  longitudinal  balance, 

Meeauramenca  of  longitudinal  balance.  In  particular,  depend  on  che  test 
sechod  uaed,  Thle  ccacrlbutlon  therefore  proposes  a  sec  of  values  and  che  associated 
cast  sechod  for  longltudinsl  balance  for  Inclusion  In  Recosoendatlon  G,712, 

2,  last  Method 


In  che  peat,  several  teat  methods  for  longitudinal  balance  measurements 
have  been  used  In  Canada  and  ^ilaewhere  In  North  America, 

In  an  attempt  to  re^ch  agreement  on  a  single  method  of  testing  longitudinal 
balance  "IEEE  STANDARD  4SS-1976"  was  developed.  This  standard  describes  the  test 
procedure  for  measuring  longitudinal  balance  of  telephone  equipment  operating  in  the 
voice  band  and  is  gaining  vide  acceptance  In  Canada,  Comparative  tests  of 
longitudinal  balance  on  various  aevices  with  four  teat  sets  constructed  independently 
according  to  the  IEEE  Standard  demonstrated  the  reproducibility  of  Tnessuroraenf •*  ^r.H 
were  submitted  to  CCITT  (COM  XVI-No.73,  Bell-Northern  Research  Period  1977-1976). 
CCITT  Study  Group  V  is  also  considering  at  present  the  merits  of  the  IEEE  Standard 
(COM  V-N0.22,  COM  XVI-N0.43,  Period  1977-1980). 
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Figure  1  ehowi  the  te«t  clrcuite  for  aeaeurlng  longitudinal  balance 
according  to  the  IEEE  standard.  The  degree  of  longitudinal  balance-  the  ratio  of  the 
diaturbing  longitudinal  voltage  Va  and  the  resulting  ■atallic. voltage  V®  of  the 
network  under  test,  ezprcaaed  In  dB.-  is: 


Longitudinal-balance 


20  log^, 


V. 


[dB] 


We  propose  to  use  the  teat  aethod  described  In  "IEEE  STAHDASO  455-1976"  and 
as  shown  In  Figure  1  when  aessurfng  longitudinal  balance  of  fCM  aultlplcx  equipatne. 


3.  Lougltudlnal  Balance  Bequlreaents 

Figure  2  shows  one  teat  aethod  which  has  been  widely  used  In  Canada  and 
elsewhere  in  Worth  daerlca  In  the  past.  Other  test  aethods  ware  also  used. 

Longitudinal  balance  for  the  teat  aethod  shown  in  Figure  2  was  expressed  as 

|V.| 

Longitudinal  balance  -  20  log^^l^i  [dB]  and 

alniauB  longitudinal  balance  requlraaeots  for  the  4-wlre  ports  of  FCM  aultlplcx 
equlpaent  were: 

200  Hz  86  dB 

1000  Hz  80  dB 

3000  Hz  78  dB 

PCM  aultlplcx  equlpaent  designed  and  aanufactured  aeetlng  these  requlfeaente  is 
operating  satisfactorily  in  the  network  today. 

Taking  those  existing  requlroaents  as  s  base,  conversion  factors  bad  to  be 
derived  to  detemlne  equivalent  longitudinal  balance  ceqairaaaacs  for  use  with  the 
proposed  test  aethod  of  Figure  1. 

Theoretical  analysis  and  aeasurea^ta  ccnnuctaA  Bellr^crthem  Basearch 
show  that  for  all  practical  purposes  a  conversion  factor  of  0  dL  '.an  be  used  over  the 
voice  frequency  band  as  long  as  the  Ioc£lcudlnal  tapedance  of  the  test  speclaan 
exceeds  30  k  ohas.  Since  4-W  ports  cf  FCH  aultlplec  equlpaent  g;.n:arally  have  a 
longitudinal  lapedance  In  the  order  of  ICO  k  ohas  a  0  dB  converaioa  tactor  can  be 
tued. 


Therefore,  we  propose  to  Inclmle  the  follow.i.ag  longitudinal  balance 
requlreacnts  for  the  4-W  ports  into  Eec<SS?u<i>tlon  6.712; 

Frequency  [Bz]  Mlnlaua  Longitudinal  balance  [dB] 


200 

1000 

3000 


86  dB 
80  dB 
78  dB 
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*.  Prcpoaal  for  Inclualon  in  Reco— ndatlon  G*712 


Suanarltlng  the  considerations  under  Itensl,  2  and  3,  we  propose  to  amend 
Recoamendatlon  G.712  as  follows: 


Rec«G.712,  Item  1,  Third  Paragraph 
Amend  the  third  paragraph  to  read: 

'The  values  and  limits  specified  are  chose  which  should  be  obtained  In 

measuraients  using  two  PCM  multiplex  terminal  equipments  connected 
back~to— back  (except  for  5*3  below)  and  with  the  Input  and  output  ports  of 
the  channels  terminated  with  their  nominal  Impedance  (except  for  4.3 
below).'  - ^ - 


4.2  lac.C.712.  Item  4.3 


Delete  'Dader  study'.  Insert  the  following  text: 

Longitudinal  balance  should  be  measured  in  accordance  with  the  driving  test 
circuit  and  the  tatmlnatlng  test  circuit  shown  In  Figure  I  of  Annex  2 


Longitudinal  balance  la  defined  aa 

I  a 

The  minimum  longitudinal  balance  should  be: 


200  Ux  86  dB 
1000  Hz  80  dB 
3000  Hz  78  dB 


4.3  Bsc. G.712,  Hew  Annex  2 


AHMEX  2 

(to  Sacommendaclon  G.712) 

Test  Circuit  for  Longitudinal  Balance  Measurements 

Figure  1  shows  the  standard  driving  and  standard  terminating  test  circuits 
for  longitudinal  balance  aeasureacnts.  Nominal  Impedance  values  ace: 


2  2  2*  ^2*  368  ohms 

2  j  2000  ohms 

2_  736  ohms 

A  full  description  of  the  test  procedure  for  measuring  longitudinal  balance 
of  telephone  equipment  operating  In  the  voice  band  is  given  in  'IEEE  STANDARD 
455-1976'. 


!  V 

— 

1 

1 

— 1  1 - 

1 

Test 

_ L 

1 

1 

specimen 

\22; 


(a)  Standard  driving  test  circuit  for  measurement  of  single 
port  and  two  port  networks. 


eemim.t  j 
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Annex  2 

(to  Question  16/XVIII) 

Study  Group  XV  (Geneva  Meeting,  25  June-13  July  1979)  extract  frog 
the  Report  of  the  Working  Party  on  Echo  Suppressors 
(Contribution  COM  XV-Mo.  32U) 

"The  Echo  Suppressor  Working  Party  took  note  of  the  extract  from  the 
preliminary  report  to  Question  17/XVIII  and  of  the  extract  of  preliminary  reply  to 
Question  1/XVIII  and  the  need  for  disabling  of  an  echo  suppressor  or  canceller  when 
used  in  an  integrated  services  digital  network.  Present  designs  of  echo  suppressors 
and  cancellers  include  an  external  enable/disable  control  but  do  not  presently 
recognize  a  signal  which  indicates  bit  integraty  is  required.  Further  information  will 
be  required -by  Study  Group  XV  before  such  disablers  can  be  designed. 

Study  Group  XVIII  is  further  advised  that  Becommendation  G.71?  (Figure  1/G.712) 
does  note  require  the  use  of  high  pass  filtering  in  A/D  conventers  how  frequency 
interference  from  power  supplies  is  therefore  not  attenuated.  This  makes  it  necessary 
for  any  following  digital  equipment  (particularly  those  using  speech  detectors)  to 
provide  high  pass  filtering.  Study  Group  XVIII  are  asked  to  consider  the  possibility 
of  prj*oviding  appropriate  high  pass  filtering  in  A/D  conventers  recommended  in  G.T12 
having  due  regard  to  the  toted  system  economics". 


(to  Question  16/XVIII) 

A  proposal  for  specifications  on  terformance  characteristics 
of  2-vire  PCM  channels  at  audio  frequencies 

(Contribution  from  Nippon  Telegraph  and  Telephone  Public  Corporation) 


1.  Introduction 

CCITT  Rec.  G.712  •pecifiea  perfornance  characteriatica  only  for  A-wire 
PCM  channela  at  audio  frequenciea.  It  ahould  be  noted,  however,  that  PCM 
Bultiplex  equipaanta  with  Z-wire  PCM  channela  have  been  widely  uaed  for  Crana- 
■iaaion  between  Z-wire  analog  exchangee,  or  for  pair  gain  ayateaa  in  local 
areaa,  and  will  be  uaed  for  digital  local  exchangee.  CCITT  Study  Croup  XI 
ia  preparing  the  draft  recowaendaciona  for  digital  tranait  and  local  cxchangea 
,  where  Z-wire  analog  interfacea  aa  well  aa  4-wire  analog  interfacea  are 
involved. 

NTT  ia  of  the  opinion  that  Study  Croup  XVIII  ahould  atudy  the  perfonaance 
characteriatica  of  Z-wire  PCM  channela  at  audio  frequenciea,  and  apecify  the 
values  and  liwits  as  soon  aa  possible  in  order  to  avoid  the  diversification 
of  the  specification  for  2-wire  PCM  multiplex  equipments. 

This  contribution  propoaea  performance  characteristics  of  2-wire  PCM 
channels  as  a  base  for  the  study  in  the  1981-1984  study  period. 
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2.  Propoaed  apecificactona  for  2-«ire  PCM  channela  ae  audio  frequenciea 

A  trana«iaaion  path  A-B  aho«m  in  PICOU  1  ia  defined  aa  a  2-irire  PCM 
channel.  The  valuea  and  Haita  to  be  apecified  are  thoae  ahich  ahould  be 
obtained  in  2-wire  aeaaureaenta  uainf  two  PCM  aultiplea  equipaenta  with 
2-wire  PCM  channela  back-to-back  and  with  input  and  out^t  porta  of  the 
channela  terainated  with  their  noainal  iapcdance. 

Purthcr  atudp  ia  required  for  the  aeparate  apecificationa  of  the  aend 
and  the  rccciwe  aidaa  of  2-wirc  PCM  channela. 

2.1  Atteottaci-.a/fre4ttanejr  diatortion  (CorreapondioK  to  Sac.2/C.712) 

The  wariatioaa  with  fraquencp  of  attenuation  of  any  channel  ahould  lie 
within  the  liaita  ahown  in  the  aaak  of  PICDBZ  2. 

The  reference  frequency  ia  800  B*.  The  input  power  lewel  ahould  be 
0  dIaO. 

2.2  letum  loaa  (Correaponding  to  Sec.A.2/C.712) 

liie  departure  froa  the  noainel  velue,  aeeaured  ea  return  loee  egeinat 
the  noainel  weluc,  ahould  not  be  leee  than  12  dl  ow  the  frcguencp  range  300 
to  800  Be  md  less  than  IS  dB  over  600  to  3400  Be. 

2.3  tongitwdinal  halenee  (Corraapending  to  Sac.4.3/e.712) 

Bnrther  atwdp  la  neadad. 

Betel  Leagicadinal  helsMe  for  2-wire  POf  chemela  aust  be  ap^ificd. 
Bee.Q.45  aap  be  referred  to. 

2.4  Btahilikp  and  MdM  leee  (Mew  Itaae  for  2-wire  POt  chaneale) 

iiace  a  2-aire  KM  aelciple*  eguipaent  coacaine  ^brid  circuits  for 
eaavarsioa  Utumm  a-alra  aad  4-wlra,tha  traneaieaiaa  laaa  of  tho  path  T-4-0 
ahoen  ia  ItOtt  1  fraa  tbs  point  of  viow.of  etnbilitp  ead  of  o^m  oboold 
be  epocifiad. 

It  should  be  noted,  however,  that  the  loaa  of  the  path  T-A-0  depends 
on  the  losses  of  the  pada,  X  and  Y  and  the  characteristics  of  the  bsndpeaa 
filters  shown  in  FICOTE  1.  Since  the  valuea  of  the  loaaca  due  to  these 
circuits  are  left  to  Adainiatrationa  involved,  the  balance  return  loss 
coapooent  of  the  total  loaa  for  the  path  T— A— 0,  defined  in  Bee.  C.122  any 
be  a  possible  specification  for  the  stability  and  the  echo  reaoireaenta- 

Tl«  aeaauring  aethod  aa  well  aa  the  values  for  the  balance  return  loaa 
and  the  echo  balance  return  loaa  ahould  be  further  studied  and  apecified. 

2.5  OiscriainaCion  against  out-of-band  input  signals  (Correaponding  to  Sec. 6 
/C.712) 

tec.  G.712  Sec. 6  specifies  the  loaa  in  the  range  4.6-72  kH*.  For  2-wiTe 
PCM  channels,  it  aught  be  necessary  to  specify  the  loaa  arround  50  Hr  in 
order  to  diacriainate  the  interference  froa  power  cables,  further  study  is 
required. 

2.6  Co-to-retum  crosstalk  (Correaponding  to  Sec.l3/C.7l2) 

Since  it  ia  difficult  to  aMssure  go-to-retum  croaatalk  for  2-wire  PCM 
channels,  this  itea  is  left  unspecified. 

2.7  Other  itMS 

For  iteas  other  than  thoae  presented  above,  the  saM  apecificationa  as 
those  reeoaaended  in  Rec.  G.712  for  4-wire  PCM  channels  should  basically  be 
applied  to  2-wire  PCM  channels. 

3.  Conclusion 

RTT  proposes  that  Rec.  G.712  should  involve  perforaance  characteristics 
of  not  «»ly  4-wire  PCM  channela,  but  also  2-wire  PCM  ehawnela.  The  values 
and  liaita  presented  above  are  proposed  as  a  base  for  further  atudy. 


la  G.712  T 


•MCTtotr  m  tkm  «Minlali£jr  ot  bavins  i"  i— nii  Xunt*  bat  mema 

0tmm  ■mrtmi  thb  oyiaifla  that  tot  cortmim  yr—tir»  tte  AifTcrcncM  betwera 
;h>BW«iraX  tartatmmcm  aad  tka  liaita  (ivaa  in  6.712  ara  ratbar  mmU  aad  it 
,  fea  aaraaaaiy,  ia  cartaia  eaaaa,  ta  dafiaa  ditfaeaat  liaita.  Ais  poiat  viil 

to  ba  laaolTab  abaa  iaiiviAial  panaatara  ara  Oiacasaad. 


baaia  ot  alTnrarioa  of  -boalJ  ba  aafincd  T 


It  worn  i^raai  that  ao  aiasl*  jriacipla  eoitl6  ba  aA^ptad  but  ratbar  tbe 
aliocatioB  ba  tofmtamt  upoo  tba  paaaaatar  ia  satarioo.  in  soae  eaaaa  it  vaa 

that  aaltapa  or  yaaar  wmmattiam  aould  apply  aad  Airtbaima«  it  would  oat 
ta  to  liaita  apaally  tar  tba  aaod  Bd  raceive  aidea. 


at  tint  caafbaioa  aroaa  baraaaa  of  aa  apparwt  iiocrtpoacy  batwaaa  tbe 
Aclidb  aad  Aaarb  waioaa  of  tba  aacood  aub-parasraph  of  parayipb  1  of  C.712.  It 
aaa  asraad  tbat  tba  ppirit  of  tba  Asliab  aaraioa  ahculd  ba  followed  aad  ttet  tbe  limits 
ba  ba  ilarlMrt  abmilil  aot  iarliida  a  aarsia  to  taka  accouat  of  tbe  aaaauraaest 
laarriirar  r  of  taat  afui^aat.  loaawar,  aarfnraance  liaita  abould  be  aet  ia  all  cases 
aaking  daa  alloaaae--  fbr  aay  iwiccurs>-y  ia  tbe  testius  technique::. 

ne  tusiact  Aaarh  traaalatioa  of  tbe  Apli^  ve^ion  is  as  follows  : 

*Ias  liaitaa  de  quality  -  -  -  -  tous  lea  cas,  sauf  en  cas  d'iata-^isioa 
teenfiielle  daa  aetbodcs  de  oaaure  appli 
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Tentative  values  for  a»r«»eters 

On  ttie  basis  tbat  the  liaits  vould  be  open  to  Tuture  aeendsent,  it  vas 
a^eea  that  tentative  values  sl»uld  be  proposed  for  soae  of  tte  paraaeters  that 
reitairc  separate  specifioaticsi.  Zt  was  felt  b^r  delegates  that  if  cui^iers  exist  then 
this  will  encourage  people  to  carry  out  aeasuraaents  and  further  stuoies  in  order  to 
deteraine  whether  the  liaits  are  feasible  and  realistic - 

In  proposing  values,  the  basic  ceacepis  of  a  stamlard  sand  side  esd  a  standard 
receive  analyser  were  accepted,  the  definitions  of  hypothetical  devices  are  as 
follows  : 

a)  A  standard  se^  side  is  a  hypothetical  device  idiich  is  absolutely  ideal, 
i.e.,  a  perfect  analogue  digital  converter  preceded  by  an  ideal  low  pass  filter  (assuaed 
to  have  no  fre^ency  atteiwatlon  distortion  and  no  mvclope  delay  distmUon)  (u*  it  is 

a  digital  processor  idii^  slnulates  the  above. 

b)  A  standard  receive  analyser  is  a  hjrpothetlcal  device  which  is  either  a 
standard  receiva  channel  that  is  stool utrly  iteal.  ie  a  perfect  digital  to  aaalogua 
converter  followed  by  an  ideal  low  pass  filter  (asswed  to  have  no  frcquCKy 
attenuation  distortion  and  no  envelope  delay  distortion)  on  it  is  n  digital  proceaaor 
.whi^  siaulates  the  above. 

In  practice  it  is  esvisa^d  that  tMt  equipaant  baaed  on  tbeae  cooceptSt 
will  bee  one  available.  Altbougb  mcfa  ^^paents  nigbt  not  to  perfect  tb^  should 
have  adequate  accuracy. 

i)  Attenuation  -  frenueagr  distortion 

laeb  of  the  lisiita  fbr  tbe  sod  and  receive  aides  ahOMld  be  half  of  the 
e.Tl2  liadt. 

m— rut.  :  this  reflects  the  agreeaeot  alTea^r  rendMid  at  tbe  laat  aaetim 
of  Working  Party  :CvIII/2. 

ii)  favelope  daisy  diatortion 

Each  of  the  liaits  for  tbe  sand  and  receive  sides  should  to  half  of  tbe 
G.712  lialt.  In  addition,  tfaa  Uaats  for  tte  value  of  the  alniaito  sroup 

propagation  delay  should  to  balf  of  the  G.?12  Halt. 

CoMcst  :  scae  dclegataa  •rsprased  doi^  about  the  feasibility  of  carrying 
out  such  Beasurea-wts  is  practice  but  at  least  this  req^romt  should  be  considered 
as  a  tesign  s^jeccive.  (bie  dele^te  suggested  ttat  the  ^esence  of  s  ban  rejection 
filter  only  on  the  send  side  of  stoe  equipacflt  sight  aea  that  aore  than  balf  of  tbe 
overall  liait  should  to  allocated  to  the  send  side. 

With  regard  to  the  liaits  for  the  alnlwin  groi^  propagation  daisy,  soae 
delegates  considered  that  a  slightly  larger  allowance  ^Kxild  apply  to  the  encoding 
function  because,  for  exaaole.  it  wtold  seen  reas>nable  tor  a  single  channel  meoder 
to  take  tqi  to  12S  i*s  to  produce  an  output  s^e  In  the  decoder,  the  reconstructed 

output  is  atrallable  alaost  ianedlately  after  tbe  appUeattm  of  the  li^t  code  wco-d. 

Even  with  100  S  saaple  and  hold  the  contoquential  delay  Is  only  &2.S  ws.  It  eight  to 
appre^riate  to  allocate  the  separate  liaits  by  applying  the  foUowiiv  equation  • 

a-  •  125  •  62-5  =  G.T12  lialt 
where  F  is  the  delay  of  the  ^llters- 


(22)  ' 


iii)  of  relatioes&i?  betvega  encoding  I-v  «-«>is  l 

tb«  ssi-i  ace^vr  of  «•<*  of  the  seed  asd  receiTc  sidn  should  he  -  0.3  dS. 

Oomtst  :  this  is  ths  ssae  re^uireahst  that  alreadv  esists  is  0.712 
farscrsib  if. 

iv)  aort  aad  •»«»»  tsi»  atahllity 


Mch  of  ths  ssad  aad  rsccirc  limits  sh:u^ld  he  half  of  the  0.712  limits 


*J  ^tal  distaetioB  imeladiy^  yjlftieica  distorties 
Method  1  —  Boise 

n*  follOhlBB  limits  based  upoe  calculations  of  siiat  separate  limits 
are  raquirad  to  ^KMtae  the  0.712  oserall  perffraa nra  for  tar  eambiiation  of  seed 


ruBi:  2 

Biaaal  to  total  djatortien  as  a  ftactioa  of  ispet 
losel  (dB)  -  Method  1 


I — 

lem 

B-lam 

Ir-las 

aide 

Baeeitra 

aide 

Seed 

aide 

Beccive 

si^ 

-3 

ZT.9 

29.1 

28.1 

23.9 

35.5 

36.7 

35-7 

^-5' 

-2T 

^•1 

36.k 

3k.9 

36.0 

-3k 

33.k 

^.7 

33.2 

^.3 

-kO 

^8 

30.1 

30.0 

30.5 

-55 

13.7 

15-0 

15.0 

Bote  :  The  mask  ia  eoaaumctad  br  imtezcaasectisB  the  ^iste  straight  lines. 


MstboB  2  -  Sima  vasa 


tbm  foUeMlaB  limlta  w  basad  upon  calculatl<^  of  w^t  separate  limits  are 
rsaulrad  to  gmrmtmm  tMe  ft.712  osarall  perforasi.cs  T«-  eamhiaatloa  of  and 
receive  aidss.  Sa 


■oa  as 


■npa 


levg^  {d3}  -  Metisod  2 


A-la« 

1  b-1 

i 

_ 

loput 

So. 

252 

SeJ 

•ayed  SI 

Selayed  hi 

Sesd 

side 

Heeeive 

side 

Stsi 

sidm 

i 

Bc«ei^€ 

iide 

0 

3t.5 

3o.O 

35.3 

36-h 

35.3 

36.b 

-30 

3li.5 

30.S 

35.3 

Sh.h 

35-3 

-ho 

28.5 

30.0 

29.3 

3B.k 

2f.3 

30.1 

-h5 

23.5 

25.0 

2h.3 

25.h 

21.3 

25.^ 

»ate  :  Tfce  auk  is  ci^a)^rac^fei  istercassecriss  t&s  poiats  Isg  ttrai^A  liass. 

riTi‘»it.  :  t!%  Hsits  sbore  is  Tables  2  a^  3  are  extracts  ^rsc  the 
Delasei  Ccatrit^ies  31  exeept  for  s=ae  of  sbe  salnes  a^sts  is  table  3  i^cb  are 
exsracsed  fit*  Coatribaticst  CCM  mil-fc.  252. 

Tbor  are  all  bas^  ca  salcalatioaa  ta  daseradse  i*aS.  arpsca^  aesS  ai^ 
r^eise  perfsiMecea  are  reqaire4  is  ra^er  ss  gsarastee  tbas  for  caabisasios  of 
ses3  a»:  receit*  sides,  the  existia*  oseraU  lixits  «*taiaed  is  C.7i2  are  ai«ars  Mt 
for  mag  ispyt  level.  The  overall  liait  is  a^icrti«*ed  !S£  a  2  :  1  ^teis  is  favour  of 
the  seed  side,  the  limits  so  derived  lM.ve  Uttie  aatBifactagis^  sarsiE  ac£  all 
«e}«^tea  agreed  that  these  vmlsis  xi^t  sst  he  a:^en*Sae.  ^^rever.  it  vas  agreed 
that  tbqr  s&osld  fon  tXx  basis  for  fsrtl^r  sti^. 

The  Jkasex  of  Selajred  Otatribatisa  U  if  a  tbeoretieal  ^*l^is  of  the  above 
asd  it  is  Teprcd:^ed  as  Appesdiz  1  ts  this  Separt. 

Tor  tbe  tbeoretieal  l*exgrs^d  to  ti^  Italic  refeteat-e  cas  be 

ade  to  :- 

AITA  So.  2  SoJ;*e  HI*  -  1975.  pages  5T-bS,  titled 

traasaittii^  asd  reeeive  e^s  of  FQi  slti^ex^s* 

br  C.O.  Capeeebiacei  aod  AH.  Ihslitwri. 

These  tao  referKsees  SMoid  be  sts^l^  to  deei^  lAiA  asKm^tims  are 
acre  valid  because  there  are  s^e  differesces  sesteh  c«sld  wt  be  resol^^. 
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Vi)  Idle  channel  noise 


Figure  1  3tiow3  the  measuring  arrangements  together  with  a  summary  of  tne 
various  proposals.  In  comparing  the  proposals  for  the  send  sides,  the  only  difference 
is  the  limits.  For  the  receive  side,  some  delegates  considered  it  necessary  to 
introduce  the  signal  shown  as  XI  which,  in  effect,  -is  a  test  to  ensure  that  the  deoooer 
quantum  step  sizes  are  not  excessively  large.  -  Other  delegates  considered  that  tnis 
extra  complexity  was  not  necessary  since  other  requirements,  such  as  quantizing 
distortion  and  linearity,  ensure  that  the  quantum  step  sizes  are  reasonably  precise. 
‘Hils  point  requires  further  study. 


17*1  (UXPO) 

252  (Italy) 

28k  (France) 
29k  (FRG) 

BI  (NTT) 

306  (ATT) 

A1 

- 

- 

- 

Bo 

-  66  dBaOp 

-  67  dBfflOp 

-  68  dBaOp 

XI 

- 

-  67  dBmOp 
coded  white  noise 

1)  idle  code 
li)  ♦ 

to 

.  75  dBmOp 

•  65  dBmOp 

i)  -  75  dBmOp 
11)  -  65  dBmOp 

4-66  dBmOp  coded  white  noise  with 

variable  de  bias  of  *  7  quantum  steps 

Figure  1  -  Idle  channel  noise  measurement  arrangements  and  limits 


vil)  Inter-channel  crosstalk 


For  both  far  end  and  near  end  crosstalk,  it  was  recognised  that  there  were 
two  contribution.'  to  each.  These  are  termed  local  and  distant  terminal  contributions. 

After  considering  the  various  contributions  and  after  considerable  dl^cu.^sion, 
it  was  agreed  that  the  method  of  defining  crosstalk  in  C.713  is  not  entirely 
satisfactory  since  the  gain  enhancement  effects  that  can  occur  in  encoders  at  very  low 
input  levels  mask  the  real  crosstalk.  A  test  method  that  effectively  evaluates  the 
analogue  crosstalk  la  such  more  appropriate  and  it  was  noted  that  a  number  of  earlier 
contributions  have  been  made  on  this  subject  (COM  SpO-No.  59,  August  1970  and 
COM  XVIII-No.  8).  They  are  all  based  upon  the  concept  of  adding  a  low  level  activating 
signal  Into  the  disturbed  channel. 

Figure  2  illustrates  the  measuring  arrangements  that  are  appropriate  as  a 
basis  for  further  study. 
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b)  Near  end  crosstalk  (NEXT) 


Figure  Z  •  Near  and  far  end  crosstalJc 
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viii) 

Go- 

to-retum  crosstalk 

The 

same  cooments  apply  to  this  parameter 

as  stated  above  for  near  end 

‘j 

crosstalk. 

However,  the  eventual  limits  may  be  somewhat 

different  because  of  the  less 

stringent  requirement  of  C.712  in  respect  of  this  parameter. 
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lx)  Variation  oT  gain  with  input  level 

It  was  noted  that  this  was  another  parameter  for  which  the  two  postitl-  'e-i 
methods  represent  a  different  level  of  strinjtency;  the  metnoo  oaseo  upon  tne  f 

sine  wave  signals  being  generally  much  more  easy  to  satisfy.  For  the  latter,  a  iplil 
of  the  overall  limit  on  a  1  ;  1  basis  between  the  send  and  receive  sides  was  net 
considered. to  pose  any  real  difficulties. 

The  limits  shown  In  Table  V  are  based  upon  the  figures  in 
Delayed  Contribution  BI  which  are  calculated  assuming  worst  case  addition  for  any 
combination  of  send  and  receive  sides.  The  group  considered  them  suitable  as  the 
basis  for  further  study. 


TABLE  4 

Variation  of  gain  with  Input  level  -  Method  2  (sine) 


Input  level 

Send  or  receive  side 

dBmO 

limit  (dB) 

*  3  -  -  «o 

♦  0.25 

-  60  -  -  50 

♦ 

-  50  ~  -  55 

*  1.8 

* 

In  the  case  of  Method  1  (noise),  it  was  not  possible  to  agree  on  what  basis 
ttie  overall  limit  should  be  split.  Some  delegates  favoured  an  equal  split  while  others 
thought  a  split  In  favour  of  the  encoder  to  be  more  aopropriate. 

All  delegates  agreed  with  the  view  that  the  requirement  for  the  input  signal 
range  -  55  to  -  60  demO  was  very  stringent  and  possibly  unnecessary.  Bea 'ing  in  mind 
that  these  signal  levels  are  down  in  the  same  order  as  crosstalk  and  noise  signals 
present  on  the  system,  this  point  should  be  studied  further.  As  a  basis  for  this  work, 
it  was  recognised  that  the  Appendix  of  COM  XVIII-No.  252  (Italy)  is  a  useful  document 
and  this  Is  appended  to  this  report. 

7 .  Additional  observations 

During  the  discussions  a  number  of  observations  of  a  general  nature  were 
made.  These  points  were  not  considered  to  be  within  the  terms  of  reference  of  the 
group,  but  are  nevertheless  brought  to  the  attention  of  Working  Party  P/XVIII. 

1)  Some  delegates  noted  the  poor  correspondence  between  the  two  methods 
recommended  for  testing  total  noise  and  linearity  as  oefined  in  C.712.  In  particular, 
the  linearity  required  at  very  low  levels  for  the  noise  test  method  is  very  stri.ngent 
and  It  is  recommended  that  the  need  for  this  level  of  performance  should  be  reassessed. 


i 1 )  Some 
to  reflect  the 


Jclcratcs  noted  thnt 

results  of  the  study  of  seuirri!-' 


4  -  f*  7*0  nn  V  •**  j’t  ’ 

i'i'c i r;cation  of  PC.M  channels. 
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TABLE  1 


Parameter 

Sew  limits 
required  for 

Comment 

Send 

aide 

Receive 

side 

Attenuation  frequency 

/ 

/ 

Envelope  delay 
distortion  and  minimum 
group  propagation  delay 

•  / 

y 

Itnpedence  and  return 
loss 

- 

- 

already  covered 

in  C.712 

Longitudinal  balance 

- 

- 

Idle  channel  noise 

/ 

Single  frequency  noise 

- 

- 

already  covered  in 
in  G.712.  These  are 
only  (^plicable  to 
receive  side 
performance 

Receiving  equipment 
noise 

- 

- 

Discrimination  against 
out-of-band  input 
signals 

already  covered 

G.712.  Only 
applicable  to  send 
side  performance 

Spurious  out-of-band 
signals  at  output 

already  covered  in 
0.T12.  Only 
applicable  to  tbe 
receive  side 
performance 

lotenaodulation 

Working  Party  2  has 
previously  sgreed 
that  it  is  not 
necessary  to 

Mparately  specify 

Total  distortion 
including  QD 

/ 

y 

Spurious  in-band 
signals  at  channel 
output 

1 

t 

,  -  ,  ■  ,i  . 

j 

the  Group  considered 
that  it  was  cot 
necessary  to  i 

separately  specify  j 
this  parameter  ] 

-  li»9  - 

COM  XVIII-IIo.  1-E 


Appendix  1 

(to  Annex  i»  to  Question  16/XVIII) 

Separate  specification  on  total  distortion  ineludinK 
quantizing  distortion 

(Contribution  from  Nippon  Telegraph  and  Telephone  Public  Corporation) 


1.  Allocation  of  total  distortion  to  sending  and  receiving  sides 

Notations  used  in  the  Appendix  are  shown  in  Figure  6.  The  following 
assumptions  are  considered  here. 

(1)  In  Figure  1,  degradation  in  sending  side,  Ng,  and  degradation  in  receiving 

side  N  ,  are  assumed  to  be  added  on  a  power-s\jm  basis. 

R 

(2)  In  Figure  1,  Ng  is  permitted  a  times  as  much  as  N^.  From  circuit  experiences, 
a  =  2  seems  reasonable. 


CODER] 


[  DECODER  I 


Figure  1  -  Degradation  in  a  codec 

The  signal-to-total  distortion  ratio  for  the  end-to-end  of  the  codec  is  written  as 
(S/N)gjj  =  S/(Nq  +  Ng  +  Njj) . (1) 

Measuring  separately,  S/N  values  for  a  coder  and  a  decoder  are  respectively  given 
as  follows  : 

(S/N)g  =  S/(NQ  +  N5)| 


(S/N)jj  .  S/(Nq  +  Njj)  j 

Now,  from  Eq.  (I)  and  Eq.  (2),  the  following  inequalities  can  be  written. 


(S/N)g  =  S/(Nq  +  Ng)^  10 


(S/N)p  =  S/(N^  +  Np)  =  1Q 


{S/N)sr  =  S/(Nq  +  Ng  +  Njj)  SIO 


When  a  coder  satisfying  Eq.  (3)  and  a  decoder  satisfying  Eq.  (4)  are  connected,  the 
end-to-end  performance  of  the  codec  should  satisfy  Eq.  (5).  Then,  the  following 
condition  should  be  met. 


From  assumption  (2)  mentioned  above. 


10  -C7C(10  +10  ) 


is  obtained. 


-  150  - 

COM  i-E 


Now,  curres  c»n  be  drawn  which  represent  Eq.  (6)  and  Eq.  (7)  for  given  f  and 
g.  Since  f  rnd  g  are  dependent  upon  the  input  level,  jg  ,  a  number  of  curves  can  be 
obtained  corresponding  to  jL  .  In  order  to  guarantee  the  existing  G.712  S/X  limit 
when  a  coder  and  a  decoder  are  interconnected,  the  level, which  maximizes 
(g  -  f),  should  be  used.  In  Fig.  7(a),  shaded  area  shows  the  region  where  the  S/N 
of  a  coder-decoder  pair  is  guaranteed  to  satisfy  the  existing  G.712  S/n  limit  even 
ia  the  worst  case.  The  point  P  on  the  curve  corresponding  to  Eq.  (7)  provides  the 
desirable  separated  values  which  maximize  the  permissible  margin  from  the  theoreti¬ 
cal  S/Nq. • 

In  the  contribution,  COM  SGXVllI  -  NO.  174,  the  point  Q  was  selected  for  the 
allocation.  Although  the  point  Q  can  provide  the  larger  margin,  the  end-to-end  S/.N 
performance  cannot  satisfy  the  G.7l2  S/n  limit  in  the  worst  case  at  “any  input  level 
except  the  level  to  minimize  (g  -  f). 

The  allocation  method  described  above  enables  to  easily  obtain  the  required 
s/n  increase  from  the  G.712  S/N  limit  and  the  margin  for  manufacturing. 


2.  Numerical  c.>:amples  for  the  sinusoidal  measurement  (Method  2) 

Fig.  7(b)  shows  the  separate  specification  for  b-bit  //-law  encoding  obtained 
with  the  s/n  allocation  method  illustrated  in  Fig.  7(a).  The  required  S/x  increase 
is  2.3  dB  for  a  sending  equipment  and  3 .4  dB  for  a  receiving  equipment .  The 
minimum  margin,  015  and  mjj ,  is  2.7  dB  and  1  .6  dB,  respectively,  which  seems 
realizable  from  a  manufacturing  point  of  view.  In  this  figure,  the  end-lo-ond  S/S 
performance  in  the  worst  case  is  calculated  to  illustrate  that  any  combinations  of 
sending  and  receiving  sides  can  meet  G.712  S/N  limit  at  any  input  level. 

In  Fig.  7(c),  the  separate  S/N  limits  obtained  above  are  applied  to  A-taw 
encoding.  The  minimum  margin,  m3  and  m;^,  is  4.5  dB  and  2.5  dB,  respectively. 

The  end-to-end  S/N  performance  can  satisfy  G.712  S/N  limit  in  the  worst  case. 

Accordingly,  this  separate  specification  may  be  regarded  as  a  possible 
separate  standards  for  Method  2  common  to  both  p  -law  and  A-law  encoding. 

3,  Numerical  examples  for  the  white  noise  measurement  (Method  I) 

When  the  cross. point  between  Eq.  (6)  at  the  input  level  to  maximize  (g  -  f)  and 
Eq.  (7)  at  the  input  level  to  minimize  (g  -  f)  is  selected  as  a  separation  point,  the 
resultant  minimum  margin.  Mm.  {m3) .and  Min.  (mj^),  is  too  small  to  realize  practical 
circuits  in  case  of  Method  1 .  It  is,  therefore,  necessary  to  change  the  values  of  the 
S/N  increase  from  the  G.712  limit,  depending  upon  the  several  input  levels  corres¬ 
ponding  to  the  edges  of  the  G.7l2  S/N  mask  (Figure  4/G.712).  Fig.  8(a)  shows  a 
separate  spe-ification  of  8-bit ju  -law  encoding  for  white  noise  measurement.  The 
end-to-end  S/N  performance  in  the  worst  case  satisfies  the  G.712  S/N  limit  at  any 
input  level.  Minimum  margin,  Min.  (m3)  and  Min.  (mj^,  is  2.5  dB  and  1  .4  dB, 
respectively. 

For  A-law  encoding,  the  separate  S/n  limits  can  be  specified  in  a  similar 
manner.  Fig.  8(b)  is  an  example  of  separate  S/N  limits  for  8-bit  A-taw  encoding. 

The  separate  specification  guarantees  to  meet  the  G.712  end-to-end  S/.N  limit  in  the 
worst  case  at  any  input  level.  However,  from  a  manufacturing  point  of  view,  it  seems 
extremely  severe  to  clear  this  separate  specification  at  low  input  levels  where  mini¬ 
mum  margin,  Min.  (m3)  and  Min.  (m;;),  is  approximately  3  dB  and  2  dB,  respectively. 
Some  relaxation  may  be  necessary  in  this  case. 

According  to  the  numerical  examples  shown  above,  it  may  be  impossible  to  pro¬ 
vide  a  common  separate  S/N  limit  for  both  ^-law  and  A-law  encoding,  when  the  end- 
to-end  s/n  performance  for  any  combinations  between  sending  side  and  receiving  side 
le  required  to  satisfy  the  G.712  S/N  limit  (Figure  4/G.712)  at  any  input  level. 
Further  study  may  be  necessary  in  this  connection. 
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■igure  !-•  -  Explanation  of  the  notation 
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{X.O  AnnoK  ^  *0  Qusst;ion  I6/XVJI*) 


Veriation  of  sain  versus  incut  level  (ncise  signal.  Method  11 
(Contribution  fron  the  Italian  Adcinistration' 


Particular  care  haa  been  taken  when  analyzing  this  cerforsance  because  the 
relevant  requi resent  of  Fecosendation  C-712  see=s  to  be  very  stringent. 


Measurecents  on  equipnents  of  different  sanafacturers  indicate  that 
Pecoasendation  G.712  ia  coisplied  with  good  sargins  down  to  input  signal  level  of 
-50  dBaO.  Conversely  the  sargins  are  reduced  when  the  input  signal  levels  ere  less 
then  -50  d^l.  It  has  also  been  observed  that  Hecomsendation  G.712,  concerning  gain 
versus  level,  with  sine-wave  si^.al  (sethod  2)  is  less  restrictive  than 
Hecosendation  G.712  with  noise  signal  (sethod  1);  in  fact  the  fcllowir.g  table  holds 
true  : 


Level 

(da^} 


Margin 

with 

sine-wave  sigr.al 


Margin 

with 

ncise  signal 


-60 

-55 

-50 


(not  specified j 

>  2  dB 

>  0.7  dB 


1  dB 
0.5  d3 
0.5  dB 


Margin  *  Becossendation  G.712  sask  sinus  theoretical  gain  variation. 


On  the  basis  of  these  considerations  a  cosputer  sisulation  has  been  carried 
out  in  order  to  reach  "reasor.able"  separate  lisits  valid  for  the  send  side  and  the 
receive  side,  respectively. 


It  will  be  possible  to  deduce  frea  the  following  discussion  that  the  sispie 
division  by  two  of  the  present  Heccsaer.dation  G.712  leads  to  tn  excessive 
requireaent  on  the  accuracy  of  the  decision  and  reconstruction  levels. 


At  signal  levels  lower  than  -55  dgsO,  it  is  difficult  to  set  separate  linit; 
in  view  of  the  extreseiy  coarse  quantitation  of  these  signals.  Moreover,  at  these 
levels  no  lisits  are  set  fay  Fecosendation  G.712  for  signs!  to  quantizing  distortion 
ratio. 


For  the  above  reasons,  no  separate  limits  for  gain  variation  have  been 
considered  for  input  levels  lower  than  -55  dSnO. 

Send  side 


la  the  study,  it  has  been  assumed  that 
the  decision  levels,  and  that  the  reconstruction 
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Receive  side 

In  accordance  with  the  general* trend  expressed  in  (1)  that  sore  stringent 
linits  steuld  be  applied  to  the  receive  side  than  to  the  send  side,  it  has  bees 
essuned  that  a  ^5  *  tolerance  is  cn  the  reconstruction  levels  (decoder)  and  that  the 
decision  levels  (encoder)  are  at  tesinal  values. 

The  histogras  obtained  fr^  the  -50  and  -55  input  signals  are  stevn 
in  Figure  A2.  5a  the  basis  of  such  histograss  the  following  nas>  (receive  side  only) 
has  been  drawn  : 
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nave  been  derived  by  allowing  a  10  5  tolerance 
for  the  receive  side.  In  this  way  the  lisit  of 
Seco— endation  C.712  are  satisfied  in  practically  all  cases,  "nie  S/"  Ccerenents  are 
also  shown  here. 
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Final  remarks 


The  separate  performance  limits  proposed,  appear  adequate  for  equipment  of 
reasonable  complexity. 

It  can  be  noted  that  the  separate  limits,  proposed  for  tests  with  noise 
signals  are  still  more  severe  than  those  proposed  for  tests  with  sine-wave  signals. 

It  seejs  reasonable  to  consider  a  statistical  approach  in  defining  separate 
limits.  In  fact,  a  worst-case  analysis  could  easili'  lead  to  the  practical 
impossibility  of  dividing  the  limits  of  Recommendation  0.712  between  send  and  receiv 
sides.  As  an  example,  Figure  AU  depicts  the  worst  cases  of  gain  versus  level  for 
send  side  only  O  ,  receive  side  only  ©  and  end  to  end  0  .  To  obtain  the  curves 
of  Figure  AU  the  decision  levels  i.  1«  i.  2,  3,  j;.  U  have  been  assumed  to  be  10  J 

smaller  than  nominal,  while  the  reconstruction  levels  +  1,  1.2,  +  3,  1.U  have  been 
assumed  3  ^  greater  than  nominal. 

Obviously  this  case  does  not  satisfy  Recommendation  G.712  neither  for  end 
to  end  nor  for  the  send  side  alone,  the  probability  of  this  case  being  nevertheless 
negligible. 


S/N  decrements 
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QUESTIOri  17/miI  -  Characterisxios  of  PCM  multiplexing  equipment  and  ether 
terminal  equipments  for  vcice  frequencies 
(Contsnuatioii  of  part  of  Questicr.  t-/XVlil,  studiea  in  l'J77-l~'CC- 

uoiiiid-.-riiiR 

that  recent  progress  in  i*-  ;"r.  ar  -•  :1  ao  n*ai  riten^irir'- 

studies  niigiit  result  in  a  need  for  mouificut icn  of  the  present  Secommencations  on  PCM 
multiplexing  equipment; 

that  studies  on  en^  .'ding  methods  of  speech  and  voice-band  signals  other  than 
PCM  and  also  studies  or.  higher  order  PCM  .Tiultiplexing  equipment  might  result  in  a  need 
for  recommending  new  terminal  equipments  for  voice  frequencies; 

a)  Vhat  modifications  to  existing  Pecccmendations  G. 731-733  and  G.‘?bl  should  ce 
made  7 

b)  Vliat  new  terminal  equipment  should  be  recommended  for  voice  frequenci e- 
other  tnan  those  recotanended  in  Recommendations  G.732,  G.733  and  0.7**^  1 

note  :  Coding  parameters  for  analogue-to-digital  conversion  processes,  other  than  PCM, 
will  be  studied  under  Question  7/XVIII. 


OUESTIOI!  18/XVIII  -  .Characteristics  of  digital  nidtipiex  equipment  and 

multiplexing  arrangements  for  telephony  and  other  signals 

(Continuation  of  part  of  Question  S/XVIII,  studied  in  1977-1980) 

considering 

that  the  introduction  of  large-capacity  digital  transmission  systems  as  well 
as  wideband  encoders  for  video  signals  may  require  Recommendations  on  higher-order 
hierarchical  levels  and  associated  digital  multiplexing  equipment; 

that  octet- interleaved  synchronous  multiplexes  may  find  wider  or  more 
flexible  applications  in  digital  networks; 

that  the  progress  in  the  digital  network  structure  studies  may  result  in  the 
modification  of  the  present  Recommendations  or.  digital  exchange  terminals  or  definition 
of  new  multiplex  arrengements  between  exchanges; 

what  new  or  modified  arrangements  or  characteristics  for  the  following 
applications  should  be  recommended  7 
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digital  multiplex ■ equipment  using  justification; 

-  synchronous  digital  multiplex  equipment; 

-  multiplexing  arrangements  and  related  characteristics  to  be  used  betueer. 
digital  exchanges. 

In  particular,  the  following  specific  points  require  study  : 

Point  a)  -  What  modification  is  required  in  the  existing  Becom-mendaticns  relevant  tc 
digital  multiplex  equipment  using  justification  techniques  (G.7!»2,  G.7~3,  etc.)  V 

Point  b)  -  Wliat  higher  order  or  non-hierarchicai  digital  multiplex  equipment  uiir.r 
justification  should  be  recommended  (see  Question  19/XVIII)  ?  In  particular  : 

1)  above  the  fourth  order  at  13926Ii  Kbit/s 

2}  above  the  third  order  at  32061*  or  l*!i736  Kbit/s 

Point  c)  -  In  defining  the  specifications  pertinent  to  points  a)  and  b)  above,  should 
provisions  be  made  to  multiplex  the  n-th  order  signals  directly  to  (n*!B)-th  order 
(m  >  2)  ? 

Point  d)  -  What  modification  is  required  in  the  existing  P.ecoiaaendaticns  relevant 
to  synchronous  digital  multiplex  equipment  and  multiplex  arrangement  for  use  with 
digital  exchanges  (0.731*,  0.735,  G.736,  0.737,  G.738,  G.739  and  G.7l*6)  ? 

Point  e)  -  What  new  Recommendations  are  required  in  the  area  of  point  d)  above  7 

Point  f)  -  What  conditions  could  be  set  concerning  the  use  of  service  bits  defined  in 
the  multiplex  frana  structures  7 

Mote  :  If  interfaces  should  be  specified  for  access  to  these  bits,  reference  should  be 
made  to  the  studies  undertaken  under  Question  3/XVIII. 
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QUESTIOn  19 /XVI I I  -  Network  aspects  of  existing  and  new  levels  in  the 
digital  hierarchy 

Considering 

a)  that  the  digital  network  is  expected  to  expand  both  in  the  trunk  ana  the 
local  area; 

b)  that  services  other  than  telephony  and  data  will  have  to  be  accoamodated  in 
the  network  and  are  expected  to  sliare  the  facilities  to  be  provided; 

c)  that  new  technological  development  may  enable  efficient  use  to  be  made 
of  existing  and  new  transmission  media; 

d)  that  the  introduction  of  new  services  may  require  tne  provision  of  new 
levels  in  the  digital  hierarchy. 

1.  What  levels,  if  any,  in  the  digital  hierarchy  should  be  defined  in  addition 
to  those  already  recommended  by  CCITT  1 

2.  What  should  be  the  basic  characteristics  of  multiplexes  (transmission 
capacity,  frame  structure,  service  and  maintenance  facilities  to  be  incoxporated) , 
which  will  serve  as  a  basis  for  the  subsequent  studied  directed  as  establishing 
recoBsaendations  for  equipments  ? 

Note  1  :  When  new  hierarchical  levels  are  defined,  account  should  be  taken  of  (e.g. 
their  possible  use  for  various  services). 

Note  2  :  The  characteristics  of  digital  line  and  radio  sections  are  studied  under 
Question  11/XVIII. 


Annex 

(to  Question  19 /XVIII ) 

Summary  of  the  study  perfcmed  during  the  1977-1980  study  period 
concerning  digital  transmission  of  sound  progrBripie  signals 


Various  proposals  for  digital  transmission  of  sound  programme  signals  are 
summarized  in  Table  1.  It  is  noted  that  this  Table  is  only  for  information  purpose. 

The  Appendix  gives  the  reply  to  CMTT  concerning  digital  transmission  of 
sound  programme  signals. 
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iinns 


:•:  ZQ  Question  19/:v.”II} 


rr.^i  cor.Cfgrrninr  aizizB.!  trar.sniissicn  of 
sour.d^srorrajnnig  5ign:ils 


1*  IntroductaoR 

In  Drlnyrd  Contri^ction  P  of  Study  'Iroup  XVIIT  (droft  revision  of 
Report  6t7/CJerTl  C^TT  mH  Study  '/roup  XVIIl  severml  questjors  reletine  to  the 
disital  trknsBission  of  sound  proerasne  siimels.  tliese  question;  ate  found  in 
Annex  1  of  the  Dociunt  P  /  C!TT/30l(Rev.i)_7. 

The  questions  relate  to  itea-  vhieh  ar.e  at  present  under  study  in 
Study  Croup  XVIII.  Consequently  this  -•ocuatent  is  ar.  intersn  r*ply  and  further 
infn-«ation  uill  be  fomrded  uhen  it  is  available. 

i.  Specific  ansvers 

i)  Error  rate,  error  distribution,  etc. 

These  factors  and  their  subdivision  astony;  various  parts  of  the  total  networb 
are  currently  bein*  defined  In  Question  l/XVtTl.  .7eco=SSndatior.  G.821  gives  the 
results  of  t.he  studies  to  date. 


iij 


Access  to  the  network 


a)  The  ouMber  of  sound  progTaisse  circuits  required  or.  internaticr.al  connections 
is  seaerally  supposed  to  be  sssailer  than  priaary  level  digital  path  capacity  which  is 
equivalent  to  thirty  or  twenty-four  voice  channel?  Consequently,  io  the  ca.ee  of 
digital  sound  prograssss  transsission,  it  see=s  tc  oe  very  advisable  to  standarditr 
tersinal  station  arrangesent  which  will  allow  the  cost-effective  Joint  use  of  the 
Pfiasry  level  digital  paths.  For  this  application,  the  gross  bit”rate  of  a  .iigitited 
15  kHz  sound  pmgrsae  sigr.al  of  331*  Kbit.fs  s^ess  adequate  to  Study  Group  .r.'-I-  Tv,, 
access  to  the  priaary  level  should  be  either  through  a  new  electrical  interface  or* 
through  an  existing  201*3  or  15**1*  kbit/s  interface  (cf.  Becotscndation  G.703). 

b)  Where  the  entire  priaary  level  digital  path  is  dedicated  to  a  rusher  of  sound 
channels  the  access  aay  he  at  the  proMry  bit  rate.  The  gross  bit  rate  of  a  digitized 
15  JtJiz  sound-prograa^  channel  my  be  38<*  kbit/s  (5  channels  in  20l*8  kbit/s,  k  c.hannels 
in  15i*>*  kbit/s).  However,  in  the  case  of  20U8  kbit/s  hierarchy,  it  could  be  reduced 
below  381*  kbit/s  in  order  to  provide  6  charnels  on  one  20I»8a  kbit/s  digital  path. 

In  the  latter  case  it  could  be  necessary  to  define  a  fraae  structure  of  the 
2018  kbit/e  signal  different  froa  that  rec<»Bended  in  Recomendation  C.732. 


3sync;jroncjs  access 


case  ii  (a) 


wr.ere  tr.e  priory  multiplex  level  shared  vith  other  services  such  as 
telephony  or  data,  tne  access  lo  the  prirjiry  isay  be  synchronous  with  the 

;nis  wjii  iCad  to  iow-cost,  Ejnglo— channel  basis  digital  interconnect  i 
including  svltcr.ir.g  or  rtulti -Junction  l^-tvcen  tve  '>r  Kore  priaary  digital  paths. 


signals  t? 

of  the  C' riralio-’d-clcch,  :'odir*r*  ional  or  contradictional  interface  as 


syncnrcr.12**  sound  prograise  codecs 

''od  1 


be  rrovio 
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In  ihe  case  where  the  introductl ar.  if  syncnron; 'at , 'n  in  iir.tai  networks  :s 
unlikely  to  be  geared  to  tne  needs  of  digital  sound  rrogram;'.'  trsr  —  .^s.sr.  and  taking 
into  account  the  evolution  towards  a  synchrer^as  network,  the  access  to  the  prtnary 
level  should  be  in  such  a  way  as  to  allow  asynchronous  operation  using  jastificatien 
technique. 


The  content  of  a  digital  signal  at  3Sb  kbit/s  should  be  defined,  which 
includes  a  sail  1  asount  of  spare  capacity  for  housekeepir^  funotions  inciudir^C  tne 
justification  information  (not  sere  tiian  a  few  kbit/s). 

Study  Croup  XVlIl  shall  define  a  itultipicaing  -ethod  for  synchronous  ac'ess 
(which  will  not  sake  use  of  this  spare  capacity  for  justificatior.)  and  for  as..T.ohrohou3 
access  (which  does  sake  use  of  the  spare  capacity). 

The  systes  concept  envisaged  is  given  ih  Figure  1.  Study  Croup  XVI! I  will 
decide  later  if  a  new  digital  interface  should  be  specified  or  not. 

It  is  expected,  that  tne  clock-frequency  inaceurracies  of  the  encoder  and  of 
the  parts  of  the  network,  in  the  case  of  asnehronous  access,  will  not  be  sore  than 
>  50  pjB  each. 

b)  in  case  ii  (b)  : 

Since  a  complete  priaary  level  is  used,  the  access  need  not  be  synchronous 
with  the  rest  of  the  network.  If  switching  in  the  digital  code  of  sound  prograse 
channels  is  envisaged,  slip  will  occur  unless  the  total  network  incolved  is 
synchronized. 

iv)  Tariff  principles 

Tariff  principles  are  not  the  responsibility  of  Study  Group  XVIII. 

v)  Aspects  of  ailtiplexing  and  network  syrehronization 

CCITT  has  recosKcnded  in  Recocsendation  3.311  that  the  international  digital 
links  should  be  operated  in  a  plesiochronous  manner  with  reference  clock  of  very  high 
accuracy  (10”^^).  This  implies  that  the  national  networks  are  either  fully  synchronous 
or  plesiochronous  with  the  same  accuracy. 

It  is  pointed  out  that  a  slip  rate  of  1  slip  in  70  days  per  plesiochronous 
interconnection  is  the  resulting  theoretical  slip  rate,  taking  into  account  clock 
accuracies  accordir.g  to  Hecotaendation  G.3li  only.  However,  account  should  also  be 
taken  of  practical  network  characteristics  encountered  under  ncraal  operating  conditions 
even  where  synchronized  national  networks  retain  synchronized.  As  a  guide, 
draft  Reco^endation  G.322  for  «  61*  kbit/s  erji-to-end  connection  (switched  or 
permanent ),  motions  suggested  value  of  1  slip  in  5  hours. 


Digital  sound  progra^e  chennel  interconnection  c 
frequency  adaptation  if  the  terminal  stations  belong  to  the 
Dimple  frequency  adaptation  by  means  of  slip  technique  is  p 
ss-itiohs  belong  to  different  syr.c.hronous  networks  with  the 
in  Recceaendat ion  G.Sll. 
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all  asynciU'onojs  interconnecting  points,  or  • 
interfaces. 
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It  is  noted  tnat  the  above  synchronous  interconnection  applies  without  any 
restriction  as  long  as  the  Teiecocstunieation  Adjninistrations  are  responsible  for 
teminal  station  includi.ng  encoding,  in  the  event  that  encoding  should  becosse  the 
responsibility  of  the  Broadcasting  Organizations,  it  is  only  applicable  if  their  clocks 
are  in  synchronism  with  that  in  the  network  of  the  Administration  concerned. 
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Sxasxinarion  of  the  Que-tions  drafted  by  Study  Groups  III,  IV,  VII,  XI,  XV 
and  XVIII  re'/eals  that  each  Group  intends  to  study  various  aspects  of  the  ISIH.  In 
order  to  avoid  overlapping  and  pcssibly  conflicting  results  the 

Vllth  CCITT  Plenary  Assenbly  agreed  that  the  areas  of  responsibility  for  the  study 
of  ISDN  should  be  assigned  as  follows  : 


Assiftn  to 


1. 


2. 


U. 


Services  and  facilities  interpretation  and  coordination  XVIII 

(taking  into  account  the  requirersents  identified  by 
Study  Groups  I,  II,  III  and  VII). 

General  ISDN  aspects  and  guidelines,  quality  of  service,  XVIII 

nunbering,  perfonrance  targets,  maintenance  principles 
and  miscellaneous  subjects  not  more  specifically 
identified  (taking  into  account  the  requirements  of 
Study  Groups  I,  II,  IV,  VII,  XI,  XVII,  and  CMBD). 

Mote  :  It  is  considered  that  Items  1  and  2  above  are 
of  high  priority. 

Digital  transmission  standai’ds  and  performance  (local  XV/XVIIJ 

and  intei^-exchange ) .  The  study  of  hypothetical 

reference  connections  is  in  the  competence  of 

Study  Group  XVIII,  the  study  of  hypothetical  reference 

digital  paths  is  in  the  ccsspetence  of  the  specialised 

Study  Groups  of  CCITT  and  CCIR,  the  study  of  reliability 

and  availability  is  to  be  coordinated  by  CMBD. 

Note  :  Also  of  interest  to  CCIR. 

Switching  aspects  and  parameters  (taking  into  account  XI 

the  requireMnts  identified  by  Study  Croups  VII,  XVII 
and  XVIII }. 

Note  :  In  the  case  of  mixed  mode  switches  (e.g,  ISDN 
circuit  and  packet)  other  Study  Groups  will  also  be 
consulted. 

Inter-exchange  signalling  system  (Message  Trar.=fer  Part  XI 

(MTP)  and  appropriate  User  ?art(s))  (taking  into  acco’jnt 
the  requirements  identified  by  Study  Groups  VII  and  IX). 

Subscrioer-exchange  signalling  system  (taking  into  XI 

^couiit  the  requirements  identified  by  Study  Groses  I, 

II,  VII  and  XVII  and  coordinated  by  XVIII  -  see  Item  2). 
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Assign  to  : 

Subscriber-network  interface 

i) 

Interface  B 

XI 

ii) 

Interface  A  -  Voice  services 

XI 

iii) 

Interface  A  -  Non-voice  services  ■ 

VII/XVII 

iv) 

Interface  A  -  Alternate  voice/data 

vii/xi/r/ii 

:  Close  collaboration  between  Study  Groups  VII,  XVII 
i.nd  XI  will  be  required  to  ensure  eoBipatibility  between 
'i  ii),  iii),  iv)  and  the  subscriber  signalling 

system  identified  in  6. 

Interworking  (inter-service  and  inter-network) 

i) 

Data 

VII 

ii) 

Telex 

IX 

iii) 

Telephone 

XI 

iv) 

Data  over  the  telephone  network 

I/II/XVII 

v) 

Teletex 

I/VIII 

vi ) 

Facsimile 

I/VIII 

Note  :  Collaboration  between  the  Study  Groups  referred 
to  above  will  be  required  to  ensure  conq>atibility  in  the 
carriage  of  the  various  services  on  ISDN  and  other 
networks . 

Digital  telephone  instrument 

XII 

Tariff  aspects 

III 

SlilSuusiiij 
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LEGEND 


ST 

Subscriber  terminals 

NT 

Network  termination 

LT  - 

Line  terminal 

SET  - 

Subscriber  line  exchange 
termination 

-1- 

III 

Functional  interfaces  A,  B, 

«-C-* 

Subscriber  line  transmission 

Figure  1  -  Possible  functional  interfaces* ^  in  digital  local  access 


*) 


"Interface"  -  "a  concept  involving  specification 
rage  69 >  Orange  Book,  "Definitions" 
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